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Psychophysiological Acoustics: Pitch and Loudness* 


S. S. STEVENS AND H. Davis, Department of Physiology, Harvard Medical School 
(Received April 29, 1936) 


The problem of psychophysiological acoustics is to 
determine the characteristics of auditory sensation in 
terms of the physical dimensions of the stimulus and the 
relation of physiological phenomena (in animals) to the 
same stimuli, and by comparison to infer the relation of 
the psychological function to the physiological. Four such 
correlations have been examined. (1) Data previously 
reported show a fairly good correspondence of the threshold 
function of electric response and the psychological thresh- 
olds. (2) Pitch perception depends upon selective resonance 
of different portions of the basilar membrane, although an 
intense tone activates a large area. The positions of 
maximal sensitivity were determined by the effect of local- 
ized lesions of the cochlea upon the threshold for electric 
response. The resulting map was compared with the map 
derived from the integration of Shower and Biddulph’s 
data on pitch discrimination. The correspondence is very 
close (Fig. 1). (3) The equal loudness contours of Fletcher 
and Munson were compared with the corresponding con- 


HE problem to which psychophysiological 

acoustics addresses itself is that of deter- 
mining the physiological mechanisms underlying 
the psychological sensations of hearing. Only 
within the last decade have we had what may 
properly be called an experimental physiology of 
hearing, for, prior to the demonstration by 
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De Lamar Mobile Research Fund, and several anonymous 
donors. : 





tours of intensity required to produce equal electric 
responses from the cochlea. The correspondence is satis- 
factory. (4) The loudness function of Churcher was com- 
pared with the relation between the intensity of a 1000- 
cycle tone and the magnitude of the electric response of the 
cochlea. The functions are similar as a first approximation, 
except at high intensities. The deviations are partly 
random, partly systematic. Theoretical explanations of 
the deviations are suggested. The size of the electric 
response of the auditory nerve, representing the total 
number of active fibers, also corresponds approximately 
to the loudness function. The loudness function does not 
correspond to the function obtained by integration of the 
difference limens for loudness (data of Riesz). A DL at 
high intensity involves the addition of more loudness and 
therefore the activation of more nerve fibers than a DL 
at low intensity. As a first approximation, the size of a 
DL in sones (units of loudness) is expressed by DL= KN!2, 
where N is the number of DL’s above threshold. 


Wever and Bray! of the close correspondence 
between electrical potentials generated in the ear 
of an animal and the stimulating sound waves, 
we had no direct procedure for observing the 
behavior of the auditory mechanism. Instead, 
we were obliged to confine our observations to 
the nature of auditory sensation and then to 
= E. G. Wever and C. W. Bray, ‘‘The Nature of Acoustic 
Response: The Relation between Sound Frequency and 


Frequency of Impulses in the Auditory Nerve,” J. Exper. 
Psychol. 13, 373-387 (1930). 
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search the anatomy of the ear, as Helmholtz did, 
in an effort to discover a structure whose form 
was suggestive of an ability to perform the 
necessary differential responses to vibratory 
stimuli. Now, however, we can go a step further 
and relate the psychological functions directly 
to those obtained by physiological methods. 

The problem, then, is to determine on the one 
hand the characteristics of auditory sensation, 
i.e., the ability of human observers to perform 
certain types of discriminations when subjected 
to auditory stimuli, and on the other hand to 
determine the relation of the physiological phe- 
nomena of the ear to the same stimuli. Then, if 
the psychological and the physiological phe- 
nomena both turn out to be similar functions of 
the physical dimensions of the stimulus, the 
reasonable presumption is that the physiological 
function determines the psychological function. 
Needless to say, the physiological events in the 
auditory mechanism underlying all of the estab- 
lished correlations between sensation and its 
stimulus have not been discovered, but enough 
significant correlations have been established to 
indicate the probable roles of the electrical 
phenomena of the cochlea and eighth nerve in 
the determination of the characteristics of hear- 
ing. Some of these correlations are: 


1. The correspondence between the threshold 
functions of electrical and psychological re- 
sponses. 

2. The confirmation by the data on pitch 
discrimination of the experimentally determined 
position of resonance for various frequencies on 
the basilar membrane. 

3. The agreement between equal electrical and 
equal loudness contours. 

4. The similarity between the loudness func- 
tion and the magnitude of the cochlear potentials. 


THRESHOLD CURVES 


The well-known threshold curves for hearing 
show that the minimal acoustical energy neces- 
sary to evoke a response in a human observer is 
a function of the frequency of the stimulus. The 
minimal energy necessary to evoke in the cochlea 
of the cat or guinea pig an electric response 
which is just detectable by means of oscillo- 
graphic recording is approximately the same 
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function of the frequency of the stimulus.’ 
However, the precise form of the latter function 
depends upon the location of the electrodes on 
the wall of the cochlea, and upon other factors 
to be discussed later. 

The utility of threshold curves in the investi- 
gation of auditory functions should be empha- 
sized, for having determined the intensity of the 
stimulus which yields a just-perceptible response 
on the cathode-ray oscillograph, as a function of 
frequency, we then have a set of values in terms 
of which other functions can be measured. No 
claim can be made that these electrical thresholds 
are ‘‘absolute thresholds,’ for since the cochlear 
potential is not quantal in nature but is capable 
of small variation (limited perhaps by the ionic 
charges involved), it is useless to look for a point 
at which the electric response suddenly begins. 
However, it is convenient to choose a small, 
readily discerned and readily reproducible po- 
tential as a reference point. This procedure has 
the advantage for certain purposes of discounting 
the effect of errors in the determination of the 
intensity of the sound delivered to the ear of the 
animal. Incidentally, the limitation in determin- 
ing thresholds for the cochlear potential does not 
lie in the amplifying equipment, but in the 
““noise”’ level of the portion of the animal placed 
across the electrodes. Increased amplification 
does not necessarily yield lower thresholds. 


THE DISCRIMINATION OF PITCH 


The auditory mechanism in man is able to 
resolve sound stimuli in such a way that we can 
say whether one tone is higher in pitch than 
another, provided the difference in frequency 
between the two tones is not too small. Complete 
measurements of the resolving power of the ear 
have recently been made by Shower and Bid- 
dulph*? under conditions designed to minimize 
extraneous factors. They found that that relative 
change in the frequency of a tone which is just 
detectable to the ear is largest for low tones and 
smallest for intermediate tones. Now, if the 
assumption is made that two tones are just 
2H. Davis, ‘‘The Electrical Phenomena of the Cochlea 
and the Auditory Nerve,” J. Acous. Soc. Am. 6, 205-215 
OTE G. Shower and R. Biddulph, “Differential Pitch 


Sensitivity of the Ear,”’ J. Acous. Soc. Am. 3, 275-287 
(1931). 
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Fic. 1. The correlation between the position of damage 
on the basilar membrane and the associated changes in the 
audiograms. The solid line represents the integration of the 
data for human pitch discrimination as explained in the 
text. The width of each rectangle represents the frequency 
range within which deviation from normal sensitivity 
occurs, and its height represents the zone on the basilar 
membrane separating definitely normal from definitely 
abnormal hair cells. The centers of the circles indicate the 
centers of peaks or depressions in the audiograms and the 
centers of normal or abnormal regions of the organ of Corti. 


noticeably different in pitch when they stimulate 
two areas of the basilar membrane separated by 
some finite distance, and that this distance is the 
same for any two tones, it is possible to estimate 
the position of stimulation by any frequency. 
To do this it is necessary to integrate the curve 
for the differential sensitivity of the ear to obtain 
the number of just-noticeable differences (differ- 
ence limens) between the lowest and the highest 
audible frequency and then to scale them off in 
equal steps along the basilar membrane. The 
result of this procedure is shown by the solid 
curve in Fig. 1. Steinberg has reported that the 
integrated curve does not dciffer significantly 
from Fig. 1 when various possible assumptions 
as to the limits of integration, etc., are made. 
The center of the membrane is tuned apparently 
to 2000 cycles and tones below 1000 cycles 
stimulate primarily the regions close to the apex 
of the cochlea. 

In a series of experiments designed to verify 
by physiological methods the extent to which 
the basilar membrane is tuned to resonate to 
different frequencies at different positions along 
its length, audiograms of the electrical response 
in the cochleas of guinea pigs were taken before 
and after production of localized lesions of the 





al © C. Steinberg, “The Position of Pure Tone Stimula- 
tion of the Basilar Membrane,”’ J. Acous. Soc. Am. 7, 238 
(1936). 


basilar membrane. The destruction of a portion 
of the membrane does not abolish completely 
the response to its resonant frequency, but it 
does raise the threshold at that frequency 
sufficiently to provide clear identification of the 
particular frequencies involved. Thus, when 
damage occurs at the apical end of the cochlea, 
the subsequent audiograin shows an elevation of 
the threshold to low tones. When the lesion is 
near the round window, the high tones are 
affected. From the audiograms it was possible 
to determine the frequency at which the first 
departure from normal occurred, and from the 
microscopic sections of each cochlea the location 
of the limits of the lesion could be observed. 
(The histological examination was made by 
M. H. Lurie.) Then the position of the beginning 
of the lesion was correlated with the frequency 
at which the animal’s audiogram became ab- 
normal, and the result is shown in Fig. 1. (The 
numbered rectangles and circles refer to sample 
audiograms shown in a previous paper.)® 

The mutual confirmation of the data obtained 
for human discrimination and the data resulting 
from direct physiological experimentation sug- 
gest a solution of the psychophysiological prob- 
lem of pitch perception. Apparently Helmholtz’ 
conception is essentially correct in that the 
basilar membrane is tuned in such a way that 
different portions resonate to different fre- 
quencies, and the perception of pitch is the 
perception of the location of the resonating area. 
The tuning, however, is not sharp. In fact, the 
audiograms from damaged ears indicate a degree 
of damping so great that when the ear is stimu- 
lated by a moderate tone (40 db above threshold) 
more than half of the basilar membrane is 
stimulated to some extent. However, these 
audiograms do not permit exact determination 
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Fic. 2. The location of the tuned regions of the basilar 
membranes in man and guinea pig. 


5S.S. Stevens, H. Davis and M. H. Lurie, “The Locali- 
zation of Pitch Perception on the Basilar Membrane,” 
J. Gen. Psychol. 13, 297-315 (1935). 
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of the spread of excitation on the membrane, and 
hence do not reveal the true value of the loga- 
rithmic decrement of the ear. 

Fig. 2 represents the position along the basilar 
membrane of maximal sensitivity to tones of 
various frequencies, at intervals of an octave. 
The crowding of the lower octaves at the apical 
end of the cochlea is indicative of the low 
resolving power of the ear at low frequencies, 
and it suggests a reason for the difficulty of 
proving by clinical studies that the membrane is 
specifically resonant to low tones. It is interesting 
to note that most of the fundamental frequencies 
present in speech and music affect only the 
apical half of the membrane. 


LOUDNESS 


The capacity of the human organism to make 
discriminatory responses in terms of that psycho- 
logical aspect of pure tones which we call loud- 
ness has been investigated from three major 
points of view. Experimenters have sought: (1) to 
determine the energy required at all frequencies 
to produce a sensation of constant loudness (the 
equal loudness contours); (2) to determine, at a 
given frequency, the rate at which loudness 
increases as a function of the energy of the 
stimulus (the loudness function); and (3) to 
measure the increment of energy which is 
necessary to produce a just-noticeable increase 
in loudness (the differential sensitivity). 

Our experiments have been designed to in- 
vestigate the physiological mechanisms under- 
lying these three relationships. 


Equal loudness contours 


An equal loudness contour, taken from the 
work of Fletcher and Munson,‘ is shown as the 
solid curve in Fig. 3. This contour represents all 
frequencies and intensities of the stimulus which 
yield a sensation of loudness equal to that 
produced by a 1000-cycle tone at an intensity 
of 45 db above threshold. In order to determine 
the physiological function which gives the equal 
loudness contours their particular form, we 
applied electrodes to the round window of the 


6H. Fletcher and W. A. Munson, “‘Loudness, Its Defini- 


tion, Measurement and Calculation,” J. Acous. Soc. Am. 5, 
82-108 (1933). 
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guinea pig and observed the amplified potentials 
as they appeared on the face of a cathode-ray 
oscillograph. Then, to make the procedure analo- 
gous to that used in mapping the equal loudness 
contours, we first determined the threshold for 
the guinea pig’s ear at several frequencies. Next, 
we led a reference frequency, 1000 cycles, to the 
ear at an intensity. of 45 db above threshold, and 
noted the size of the response on the oscillograph. 
We then presented each of the other frequencies 
in turn and found at what intensity the response 
on the oscillograph was equal to that of the 
reference tone, after taking into account the 
frequency characteristic of the amplifying sys- 
tem. 

The results of this procedure are shown as 
circles in Fig. 3. Contours at higher loudness 
levels could readily be determined, except that 
at intensities above 70 or 80 db the overload 
effect (see below) spoils the contours. However, 
we were able to determine a considerable portion 
of the 65-db contour, and it agreed with the 
psychological contour for the corresponding 
range of values. (Since the first publication of 
these data, Wever and Bray’ have reported 
observations on one animal which agree quali- 
tatively with Fig. 3, curve is 
downward.) 

The similarity of these two sets of contours, 
psychological and physiological, points to the 
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Fic. 3. The 45-db loudness contour (solid line) for the 
human ear and the analogous contour (circles) representing 
constant electric response recorded at the round window 
of the guinea pig. The ordinate measures the sensation 
level (db above threshold) at which the various tones 
yield equal loudness to human observers and equal electric 
potential at the round window of the guinea pig. The 
deviations at the low frequencies are due to the fact that 
the electric waves include action potential components 
which interfere with the cochlear potential. Each circle 
represents the average of data obtained from 10 animals. 





7 E.G. Wever and C. W. Bray, ‘“‘The Nature of Acoustic 
Response: The Relation between Sound Intensity and the 
Magnitude of Responses in the Cochlea,”’ J. Exp. Psychol. 
19, 129-143 (1936). 


ials 
ray 
alo- 
ness 
for 
ext, 
the 
and 
iph. 
cies 
onse 
the 
the 


sys- 


1 as 
ness 
that 
load 
ver, 
‘tion 

the 
ding 
n of 
rted 
uali- 
cave 


ours, 
the 


16000 


or the 
enting 
‘indow 
sation 
tones 
‘lectric 
yr. The 
t that 
onents 
circle 
nals. 


coustic 
ind the 
sychol. 


PSy CHOPHYSIOLOGICAL ACOUSTICS 5 


conclusion that it is the behavior of the receptor 
mechanism which imposes the form which we 
find in equal loudness contours, for it is the 
behavior of the receptor mechanism which we 
observe directly when we record the electrical 
potentials of the cochlea. On the other hand, 
in determining loudness contours by means of 
the reactions of human observers alone, we are 
unable to say whether the final form is imposed 
by the receptor system (sense-organ), the central 
nervous system, or the effector mechanisms. 


The loudness function 


Recently, efforts have been made to measure 
the magnitude of a sensation (loudness) in 
terms of a quantitative scale. The basis of the 
scale is the determination of the intensity at 
which a tone sounds half as loud as a given tone. 
Thus, for example, an observer is presented with 
a tone of 1000 cycles at an arbitrary intensity 
and is then allowed to adjust the intensity until 
he judges the tone to be subjectively half as loud 
as the original tone. This process is then repeated, 
starting with other intensities, and when suffi- 
cient fractionations have been made it is possible 
to assign numbers to the intensities in such a 
way that if the number » stands for a certain 
loudness, the number 7/2 stands for the loudness 
which is judged half as great. Although under 
proper conditions an observer can estimate half- 
loudness with a good degree of reliability, there 
are alternative procedures* such as that of 
presenting the tone first to one ear and then to 
both ears and allowing the observer to adjust 
the intensity in the two cases until the loudness 
appears equal. The tone listened to with one 
ear is made more intense. Then, if both tones 
are heard by both ears the one sounds twice as 
loud as the other.* This method appears to yield 
greater reliability than the method of direct 
subjective estimate of fractional loudness, and 
for that reason Churcher,’ in his review of the 
recent experiments done in this field, gave more 
weight to the determinations made by the 
monaural-binaural method. 


8S. S. Stevens, ‘‘A Scale for the Measurement of a 
Psychological Magnitude: Loudness,” Psychol. Rev., in 
press (1936). 

°B. G. Churcher, “A Loudness Scale for Industrial 


Noise Measurements,” J. Acous. Soc. Am. 6, 216-226 
(1935). 


——=— LOUDNESS (CHURCHER’S AVERAGE) 
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Fic. 4. The loudness function and the size of the coch- 
lear potential. The solid curve represents the loudness 
function arrived at by Churcher from a consideration of 
most of the recent work on the fractionation of tones. The 
circles represent the averaged results of measurements of 
the size of the cochlear potentials at the round windows 
of 6 guinea pigs as a function of the intensity of the stimu- 
lus. These values were adjusted to coincide with the 
loudness function at 80 db. The ordinate scale is that used 
by Churcher. The threshold, for the abscissa, was taken 
as the standard human threshold, 0.0002 bar. 


The loudness function which Churcher arrived 
at by considering all of the experiments on 
fractionation, with double weight being given to 
the monaural-binaural data, is shown by the 
solid curve in Fig. 4. This function shows the 
way in which the subjective loudness of a 1000- 
cycle tone increases as the intensity is increased. 
It has been suggested’ that the unit of the 
loudness scale be taken as the loudness of a 
1000-cycle tone 40 db above threshold, listened 
to with both ears, and that it be called a sone. 
This unit recommends itself because 1000 cycles 
has been selected as the reference frequency for 
loudness comparisons, and the loudness level of 
40 db above threshold has been proposed as the 
reference level for determining the pitch of a 
tone.'° This unit is of the order of magnitude of a 
just-noticeable difference for moderately intense 
tones of the musical scale and is about one-third 
of one percent of the greatest intensity the ear 
can support. 

Knowing the manner of the dependence of 
loudness upon the intensity of the stimulus, one 








10H. Fletcher, ‘‘Loudness, Pitch and the Timbre of 
Musical Tones and Their Relation to the Intensity, the 
Frequency and the Overtone Structure,” J. Acous. Soc. Am. 
6, 59-69 (1934). 
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can look for a physiological function which 
shows the same dependence. We therefore ex- 
amined the relation of the size of the cochlear 
potential to the intensity of the stimulus. In a 
series of experiments we started with a 1000- 
cycle tone at threshold for the guinea pig, and 
with the recording electrode in contact with the 
round window we measured the size of the 
electrical potential generated in the cochlea as a 
function of the intensity of the sound introduced 
into the animal’s ear. The averaged results for 
six animals were then multiplied by a constant, 
in order to make the value of 80 db correspond 
to the loudness at that intensity, and plotted in 
Fig. 4. Here again we note a degree of corre- 
spondence between the psychological and a 
particular physiological function which suggests 
that, as a first approximation, the form of the 
loudness function is imposed by the behavior of 
the cochlear mechanism. 

The identification of the loudness function 
with the recorded cochlear potential must, 
however, be made with reservations. Three 
points of divergence should be noted. In the first 
place, the cochlear function is slightly sigmoid in 
form, whereas the loudness function shows no 
point of inflection. Since our results were first 
announced,!' Wever and Bray’ have presented 
curves for the cochlear function at 1000 cycles, 
and in those animals which they tested at 
intensities less than 55 db above threshold, the 
same sigmoid tendency is present. This de- 
parture of the cochlear function from the loud- 
ness function at low intensities can be explained 
if we assume that the cochlear potential deter- 
mines loudness by reason of its ability to excite 
nerve fibers (see below), which have finite 
thresholds distributed according to some popu- 
lation curve. Then, as the intensity of the 
stimulus is increased from zero, the cochlear 
potential would appear first and reach some 
finite value before the first nerve fiber would be 
excited. At this point a small increment in the 
cochlear potential would result in a relatively 
large increment in the number of active fibers. 
Hence, for certain values of intensity near 
threshold, the number of fibers activated would 
increase faster, relative to the cochlear potential, 


1S. S. Stevens and H. Davis, ‘“‘Physiological Acoustics: 
Loudness,” J. Acous. Soc. Am. 7, 238 (1936). 
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than at higher values of intensity, and the 
cochlear potential would not keep pace with 
loudness. 

In the second place, the slopes of the loudness 
and cochlear functions are slightly different over 
the middle range (40 to 70 db), where measure- 
ments are presumably most reliable. The slope 
of the loudness function averages about 0.75 
(in log-log coordinates), whereas our measure- 
ments of the cochlear potential yield an average 
slope of 0.85 with a range of 0.7 to 1.0. Wever 
and Bray observed slopes which averaged steeper 
than ours: 1.0 or slightly less. Now, it is possible 
that exact correspondence between the functions 
obtained from man and guinea pig cannot be 
expected, but that is a lazy way of explaining 
differences. A more interesting possibility is that 
under the conditions for the determination of the 
loudness function in man, the tensor tympani 
contracts reflexly by an amount proportional to 
the intensity of the sound and hence reduces the 
effectiveness of the sound at high intensities. 
This would tend to lower the slope of the loud- 
ness function. In the guinea pig under anesthesia 
the tensor reflex may be weakened or abolished, 
with the result that the efficiency of the stimulus 
is not impaired at high intensities. If this 
hypothesis can be experimentally established, 
we shall have in the divergence between the 
slopes of the loudness and cochlear functions a 
measure of the effectiveness of the muscles of 
the middle ear as a protective mechanism. 

Thirdly, the agreement between the loudness 
and cochlear functions fails at high intensities, 
because of the fact that the cochlear potential 
exhibits an overload effect when the ear (of cat 
or guinea pig) is intensely stimulated, whereas 
loudness (to the human observer) continues to 
increase. The divergence between these two 
functions is shown by the broken line in Fig. 4. 

The fact that the cochlear potential, as it 
appears across our electrodes, goes through a 
maximum as the intensity of the stimulus is 
increased has not been satisfactorily explained. 
As in the case of the difference in slope of the 
curves, it may simply mean that the behavior of 
the ears of cats and guinea pigs is different from 
that of human ears. There is also the possibility 
that since the animals are under an anesthetic, 
which serves to relax the normal tension of the 
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muscles of the middle ear which ordinarily 
protect the ear against loud sounds, the point of 
overload is reached much sooner than would be 
the case if no anesthetic were used. In other 
words, it is possible that the human ear also 
would become overloaded at 90 or 100 db above 
threshold if it were not for the protecting muscles 
of the middle ear. Then there is the third 
possibility that actually the total number of 
stimulated end-organs and the degree to which 
they are activated continues to increase, but 
that they become less effective in producing a 
potential across our electrodes. This type of 
explanation seems particularly pertinent to the 
behavior of the action potentials in the auditory 
nerve, as will be shown later, but it does not 
account for the actual decrease in the total 
recorded potential generated by the receptor 
cells of the organ of Corti at high intensities. 
The behavior of the cochlear potential in the 
ear of a typical guinea pig is shown in Fig. 5. 
With the recording electrode on the round 
window, a 625-cycle tone was introduced into 
the ear of the animal and the size of the cochlear 
potential was measured as millimeters of ex- 
cursion on the oscillograph. Beginning near 
threshold, the intensity of the tone was increased 
by 10 db every 20 seconds and the response 
measured. The cochlear potential grows in the 
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Fic. 5. The size of the cochlear potential as a function 
of the intensity of the stimulus. The abscissa represents an 
arbitrary intensity scale against which is plotted the size 
of the cochlear potential as it appears on the oscillograph. 
The arrows indicate the direction of intensity variation for 
the three different hysteresis loops. The intensity was 
changed by 10 db at 20-second intervals. As the response 


went through the maximum, the wave form became highly 
complex, 


same way as loudness, up to a point which is 
usually between 80 and 100 db above threshold 
for tones of the middle range. Beyond this point 
the wave-form observed on the oscillograph 
becomes very irregular and the peak value of 
the response drops precipitously. (All ears do 
not behave alike at these high intensities.) Then, 
after going “over the top’ we reduced the 
intensity of the stimulating tone by 10 db every 
20 seconds, and the effect on the size of the 
response is shown by the lower branch of the 
solid curve of Fig. 5. On the return trip the 
response does not retrace the same curve, but 
shows a hysteresis, or fatigue, effect. Then, upon 
completion of the run shown by the solid curve, 
the same procedure was repeated immediately 
and the dotted curve obtained. The rate of 
recovery of the cochlear potential after it has 
been depressed by overload is indicated by the 
height of the “outgoing” curve of the second 
run above the “return’’ curve of the first run, 
and that of the ‘outgoing’ curve of the third. 
run above the “‘return”’ curve of the second run. 
Complete recovery after severe stimulation may 
take as long as 24 hours.” But if the stimulus is 
sufficiently intense the inner ear may be dis- 
rupted to such an extent that recovery is im- 
possible. Thus Fig. 6 shows one of three ears 
which we stimulated with a tone of sufficient 
intensity to knock the organ of Corti off the 
basilar membrane. Damage of this sort can be 
produced with tones of the lower middle range 
at intensities around 120 db above threshold, 
provided the muscles of the middle ear are not 
under tension. 


Neural correlates of loudness 


The preceding discussion has dealt with the 
relation of loudness to the electrical potentials 
generated by the hair cells of the organ of Corti. 
These potentials do not exhibit the all-or-none 
character and refractory phase which are 
characteristic of nervous tissue, but are able to 
reproduce the wave form of the stimulus at all 
audible frequencies, and the magnitude of these 
potentials is, as we have seen, approximately 
proportional to the subjective loudness of a tone 


2 W. Hughson and E. G. Witting, “An Objective Study 
of Auditory Fatigue,” Acta Oto-Laryngol. 21, 457-468 
(1935). 
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of given frequency. But since the events in the 
end-organ can affect the brain only after they 
have been transmitted by the auditory nerve, 
whose fibers behave in an all-or-none fashion, the 
next problem is to determine how loudness is 
represented in the nerve. A pair of small con- 
centric (coaxial) electrodes inserted in the nerve 
records the action potentials on their way to the 
higher centers. The magnitude of these potentials 
at the onset of stimulation, before they have 
shrunk in size due to fatigue (or ‘‘equilibra- 
tion’’),? varies with the intensity of the stimulus 
as shown in Fig. 7. The action potentials of the 
nerve parallel the cochlear potentials so closely 
that we must conclude that the size of the 
observed action potentials is proportional to the 
size of the cochlear response and hence approxi- 
mately proportional to the subjective loudness of 
the stimulus. Moreover, since at a given fre- 
quency the size of the action potential is due to 
the summated effect of the potentials in the 
individual fibers, the loudness of the tone must 


Fic. 6. Section of the cochlea of the guinea pig. The outer portion of the organ of Corti has been 
dislodged by a loud tone and knocked into the upper left-hand corner of the scala media. The in- 


ternal hair cell is still in its normal position and the basilar, Reissner’s and tectorial membranes are 
still intact. 


be directly dependent upon the number of these 
fibers which are active at a given time. It would 
be equally possible to say that loudness is 
proportional to the total number of impulses 
passing along the nerve per unit time, provided 
we were to confine our attention to a single 
frequency. However, when we consider the effect 
of variation of frequency upon the size of the 
action potentials, it becomes clear that we must 
consider loudness to be dependent solely upon 
the number of active neurons. In the first place, 
if we increase the frequency of a tone ai constant 
sensation level from 200 to 400 cycles, for 
example, we do not double the loudness, as we 
might expect in view of the fact that we would 
then be sending impulses up the nerve at double 
the frequency. In the second place, when the 
frequency of the stimulating tone is increased 
continuously from a low to a high value and the 
size of the action potentials observed, we find 
rather abrupt drops at certain critical frequencies 
where the individual fibers are no longer able 
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individually to respond to every wave of the 
stimulating tone, but must resort to alternation.” 
This phenomenon is shown in Fig. 8. After the 
first drop at about 800 cycles the individyal 
fibers are responding to every other wave of the 
stimulus and so the total number of impulses 
reaching the brain per unit time must be reduced 
to one-half. Since there is no corresponding drop 
in the subjective loudness of the tone as the 
frequency is increased in this manner, it appears 
that loudness must depend not upon the total 
number of impulses" but rather upon the total 
number of neurons carrying the impulses. 

Fig. 7 shows that the size of the action po- 
tentials reaches a maximum at high intensities. 
This does not necessarily mean that at higher 
intensities additional fibers do not become active, 
but only that, after a certain number, the addi- 
tional fibers are much less effective in increasing 
the total potential across the electrodes. In other 
words the electrodes can ‘‘look”’ at only a certain 
number of fibers, depending upon their place- 
ment in the nerve, and events in other fibers 
affect them only very slightly. This hypothesis 
is advanced by Kemp, Coppée and Robinson,™® 
who find that after the maximum has been 
reached for a given placement of the electrodes 
in some of the higher centers of the auditory 
tract, a new placement will record a potential 
which continues to grow at higher intensities. 

Finally, then, we are led to believe that, as a 
first approximation, loudness is directly related 
to the magnitude of the electrical potential 
generated by the hair cells of the organ of Corti, 
and to the number of fibers in the auditory nerve 
which are activated. Near threshold, however, 
where the number of active fibers is not pro- 
portional to the cochlear potential, loudness 
depends directly only upon the number of active 
fibers. The failure of the action potentials to 
follow the loudness function at high intensities 
is probably due to the limitations of our recording 
electrodes. 








18 A. J. Derbyshire and H. Davis, ‘“‘The Action Potentials 
(1988) Auditory Nerve,” Am. J. Physiol. 113, 476-504 
(1935). 

_ MH. Fletcher, ““A Space-Time Pattern Theory of Hear- 
ing,” J. Acous. Soc. Am. 1, 311-343 (1930). 

6 E. H. Kemp, G. E. Coppée and E. H. Robinson, 
‘Electrical Responses from the Auditory Tracts of the 
Brain Stem. I. Monaural Auditory Stimulation,” (in 
preparation). 
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Fic. 7. The size of response to a 500-cycle tone as 
recorded from the round window (solid curve) and from 
the eighth nerve (dotted curve) of a cat before equilibra- 
tion. The abscissa is an arbitrary intensity scale. The 
amplification was adjusted to make the maximal responses 
of nerve and cochlea coincide. 
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Fic. 8. The initial size of the action potential in the 
auditory nerve as a function of frequency. The sudden 
drops in the curve are due to the fact that above a certain 
frequency (800 to 1000 cycles) the individual nerve fibers 
cannot follow the frequency of the stimulus, but must 
alternately respond to every other vibration. At twice this 
critical frequency each fiber responds only to every third 
vibration. 


Loudness and the difference limen 


If the function in Fig. 4 is taken as defining 
what we mean by loudness, interesting conclu- 
sions as to the subjective size of just-perceptible 
increments of intensity (DL’s) can be drawn. 
Fechner assumed that all DL’s, since they each 
represent a just-noticeable difference, are equal 
in subjective magnitude, and consequently that 
by adding them together a true numerical scale 
of loudness would be obtained. Under this 
assumption the addition of 20 DL’s should yield 
a tone which sounds twice as loud as a tone 
representing the addition of 10 DL’s, or, in other 
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Fic. 9. Comparison of the loudness function and the 
summated DL’s. Both functions are plotted against an 
arithmetical scale of sound intensity. The value 0.0002 
bar is the standard threshold of hearing. Both curves are 
for 1000-cycle tones. The loudness function is from 
Churcher and the summated DL’s from Riesz. 


words, the addition of DL’s should result in a 
function identical to the loudness function of 
Fig. 9, which is the function of Fig. 4 plotted in 
arithmetical coordinates. However, if we plot 
the data for the summated DL’s reported by 
Riesz,!° we obtain the upper curve of Fig. 9. 
The disparity between the loudness function 
and the summated difference limens is obvious. 
It means that at a given frequency the addition 
of a just-noticeable increment to the intensity of 
a tone does not increase the loudness by a 
constant amount at all intensity levels. In other 
words, different DL’s are not subjectively equal 
in size as measured by the loudness scale. 

In order to measure the subjective size of the 
DL’s for loudness,* we have simply to plot the 
summated DL’s against loudness in logarithmic 
coordinates and we obtain the result shown in 
Fig. 10. Since these lines are essentially straight, 
we can measure the slope and write the equation 
_L=KN?*, where L is subjective loudness, N is 
the number that the DL is aboye threshold and 
K is a constant determined by the intercept of 
the lines with the loudness axis. Obviously, loud- 
ness is not proportional to the number of DL’s 
as Fechner had supposed. 


16 R.R. Riesz, ‘‘The Relationship between Loudness and 
the Minimum Perceptible Increment of Intensity,” J. 
Acous. Soc. Am. 4, 211-215 (1933). 
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Fic. 10. The relation of loudness to the number of DL’s 
for tones of four different frequencies. The points for 7000 
cycles have been shifted 0.5 logarithmic unit upward on 
the ordinate scale in order to facilitate plotting. For the 
method of obtaining the data for 200, 4000, and 7000 cycles 
see Stevens.!° 


In order to determine the subjective size of the 
individual DL’s, we have merely to determine 
how much each contributes to the total loudness 
of a tone, and to do this we differentiate the 
equation above. Then the magnitude of each DL 
is given by DL=K’N'*, where N has the same 
meaning as before. Curves showing this relation- 
ship are presented in Fig. 11. It is clear that the 
subjective magnitude of a DL depends upon both 
the frequency and intensity of the tone. 

The physiological mechanism upon which the 
discrimination of small differences of intensity is 
based remains as yet obscure. The best we can 
do is to rule out a certain possibility which is 
analogous to what has been proposed for vision ;'? 
namely, that an increase in the stimulus is just 
perceptible whenever it brings an additional 
nerve fiber into activity. The difficulty with this 
view is that it contradicts the notion that loud- 
ness is proportional to the total number of active 
fibers, for, if a DL represents the addition of an 
active neuron and if loudness depends upon the 
number of neurons activated, then the loudness 
function and the function representing the 
summated DL’s should coincide. Since they do 


17S. Hecht, “The Retinal Processes Concerned with 
Visual Acuity and Color Vision,’’ Howe Lab. Ophthal., 
Bull. 4. Cambridge: Harvard Univ. Press (1931). 
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SIZE OF DL 





° 20 40 60 80 100 120 
NO. OF DL’S ABOVE THRESHOLD 
Fic. 11. The subjective magnitude, in sones, of the 
DL’s as a function of their number above threshold. The 


ordinate indicates the amount of loudness, in sones, which 
is contributed to the total loudness by each DL. 


not coincide, the one hypothesis appears to 
exclude the other, and our present evidence 
points to the conclusion that loudness rather than 
the difference limen is directly related to the 
number of active neurons. 

Finally, we may speculate upon the relation- 
ship between loudness, DL’s, and nerve fibers 
by considering what is involved in the case of a 
1000-cycle tone. We shall assume that the loud- 
ness function is determined by the number of 
active fibers in the auditory nerve and therefore 
that the measurement of the size of the DL in 
terms of loudness is equivalent to determining 
the relative number of fibers which must be 
activated to produce a DL. Then from Fig. 11 
it is clear that the number of fibers which must 
be activated to produce a DL is proportional to 
the 1.2 power of the number that the DL is above 
threshold. Or we can write dF=kN'!*, where dF 
is the number of active fibers which must be 
added to produce a DL, is a constant and N 
is the number that the DL is above threshold. 
Then, since Riesz reports that there are about 
250 DL’s between threshold and 120 db above 


threshold (this figure was arrived at by extra- 
polating his curve for 1000 cycles), we can inte- 
grate the expression between the limits of 0 and 
250 and obtain an expression for the total number 
of active fibers, F= k 85,700. 

Anatomical data!’ indicate that there are at 
most about 30,000 fibers in the auditory nerve, 
but we cannot assume that they are all active at 
120 db above threshold, for then we should not 
be able to identify the pitch of the tone. If about 
20,000 fibers are active at this intensity, we can 
substitute in the last equation and determine the 
value of k to be about 0.25. The value 0.25, then, 
represents the number of fibers involved in pro- 
ducing the first DL above threshold. 

The unexpected conclusion that less than a 
single added fiber is needed to produce the first 
DL hinges directly upon the determination of 
the slope of the function (for 1000 cycles) in Fig. 
10, which is admittedly an approximation, and 
upon the assumption that loudness is propor- 
tional to the number of active fibers throughout 
the whole intensity range. The conclusion, never- 
theless, is not entirely improbable if we take it to 
have a statistical meaning; namely, that near 
threshold an increment of intensity is perceptible 
provided it keeps the fibers active for a larger 
fraction of the time. It is known that the response 
of a neuron to weak, repetitive stimuli is a 
fluctuating affair; the neuron does not respond 
to all stimuli and may show cycles of rest and 
activity. It is possible, then, that the difference 
between continuous activity and interrupted 
activity is a perceptible difference. Further 
calculation shows that by the time the third DL 
is reached, more than one fiber, statistically, is 
involved. 

The quantitative aspects of these conclusions 
are at best a first approximation. Their validity 
remains to be established by more precise meas- 
urements of the several relationships involved. 


18S, R. Guild, “Correlations of Histologic Observations 
and the Acuity of Hearing,”” Acta Oto-Laryngol. 17, 207 
(1932). 

19E, A. Blair and J. Erlanger, ‘‘A Comparison of the 
Characteristics of Axons through Their Individual Elec- 
trical Responses,’’ Am. J. Physiol. 106, 524-564 (1933). 








12 Ss. S&S. 


STEVENS AND H. 


DAVIS 


APPENDIX: ELECTRICAL RELATIONS WITHIN THE COCHLEA 


The purpose of this section is to discuss certain minor 
facts of physiological acoustics which are important from 
the practical aspect of recording the electrical potentials 
of the cochlea but whose immediate relation to the theory 
of hearing is as yet undetermined. 

The cochlear potential appears to be generated by the 
hair cells of the organ of Corti. Distortion of these hair cells, 
due to mechanical vibration, creates a difference of poten- 
tial along the length of the cell in such a way that, when 
the scala media is positive, the scala tympani is negative. 
In other words, the potential drop is through the basilar 
membrane. This can be shown by placing the grid electrode 
in contact first with the round window, which is electrically 
continuous with the scala tympani, and secondly in con- 
tact with the scala media by way of a small hole drilled 
through the cochlear wall, and noting the difference in 
phase between the responses recorded by these two leads. 
(The ground electrode is in contact with the muscles of 
the neck of the animal.) At low frequencies these two 
responses are shown by the oscillograph to be 180° out of 
phase. Also, the potential in the scala media can be shown 
to be in phase with the potential recorded by an electrode 
in contact with the apical end of the cochlea, which 
indicates that the apical lead effectively records the poten- 
tial of the scala media. The anatomy of the cochlea of the 
guinea pig suggests that this would be the case. 

At higher frequencies these simple phase relations no 
longer obtain. Whereas at 60 cycles there is about 180° of 
phase difference between the potential existing between 
apex and ground and between round window and ground, 
at 4000 cycles this difference is only about 90°, as shown in 
Fig. 12. The data from which Fig. 12 was constructed 
show no great degree of precision because of the inherent 
difficulty of measuring phase difference in terms of the 
shift in position of the pattern on the cathode-ray oscillo- 
graph, and because of the great variability of the phase 
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Fic. 12. The phase relation between the response 
recorded at the apex and that recorded at the round 
window of the guinea pig. Points represent the average of 
numerous observations. In each case the ground electrode 
was in contact with the neck muscles of the animal. 


differences from moment to moment. Nevertheless, the 
trend is unmistakably as shown in Fig. 12. 

The shift of phase with frequency of stimulation suggests 
that the potentials generated by the hair cells must reach 
the electrodes by pathways of complex impedance, which 
serves to retard the potential more in going to one electrode 
than to the other. It is easy to show that the electrical 
impedance through the cochlea is complex. Using an 
impedance bridge with a capacitative reactance in the 
standard arm, the impedance of the cochlea between the 
electrodes on round window and apex was determined 
and the reactive component plotted against the resistive 
component as shown in Fig. 13. This diagram is similar to 
the usual circle diagrams®® obtained from impedance 
measurements of living tissues in which the impedance is 
equivalent to that of a network composed of resistances 
and a single variable impedance element of constant phase 
angle. The constancy of the phase angle of this resistance- 
capacity combination is similar to that found in the 
polarization capacity at metal-electrolyte interfaces. 
Coupled with the fact that we must record the cochlear 
potentials across complex impedances is an additional 
factor; namely, that the potentials due to different fre- 
quencies originate at different positions along the basilar 
membrane. Therefore, the relative distance from the origin 
of the potential to the two electrodes, on apex and round 
window, varies with frequency. In view of these facts it is 
not surprising that we encounter phase differences at the 
two electrodes which are a function of frequency. 

The greater part of the potential recorded by electrodes 
in contact with the wall of the cochlea of the guinea pig 
appears to leak out of the cochlear canals through the 
round and oval window membranes at one end and the 
thin bone covering the apex at the other. Since these 
potentials are out of phase they tend to interfere with 
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Fic. 13. The electrical impedance of the cochlea of a 
guinea pig asa function of frequency. The circles represent, 
from left to right, the frequencies 8000, 4000, 2000, 1000, 
500, 250, and 125 cycles. The cochlea behaves as a re- 
sistive network containing a single reactive element 
whose phase angle is constant at all frequencies. M is the 
phase factor. 


20 K.S. Cole, ‘Electric Phase Angle of Cell Membranes,” 
J. Gen. Physiol. 15, 641-649 (1932). 
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Fic. 14. The relation between the cochlear potential 
measured in millimeters and the position of the grid 
electrode on the wall of the cochlea. Six positions were 
recorded, round window, apex, and one for each turn of the 
guinea pig’s cochlea. The ground electrode is on the muscles 
of the neck. Records were made at three frequencies. 


each other. Thus if the grid electrode is dragged along the 
wall of the cochlea from apex to round window, the 
magnitude of the response passes through a minimum at 
the point where the two potentials almost cancel each 
other, and at this point there is an abrupt shift of phase 
by an amount dependent upon the frequency. This minimal 
point can be grossly localized on the surface of the basal 
whorl, as shown in Fig. 14. 

Finally, we may note the effect of changing the position 
of the ground electrode. Throughout all of the previous 
experiments this electrode consisted of a silver plate in 
contact with the exposed muscles of the neck. If instead a 
wire electrode is placed in contact with the opposite end 
of the cochlea from that on which the grid electrode is 
placed, the size of the response is altered in a direction 
dependent upon the frequency. Thus with the grid elec- 
trode on the round window, the ground electrode was 
shifted from the apex to the neck muscles with the result 
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Fic. 15. The relative effectiveness of different positions 
of the ground electrode as a function of frequency. The 
ordinate measures the percentage that the response with 
the ground electrode on the neck muscles is of the response 
with the ground electrode on either round window or apex, 
as labeled. Thus the curve marked ‘‘round window”’ shows 
that the cochlear potential is larger with the ground on the 
neck muscles than on the round window at low frequencies, 
whereas the reverse is true at high frequencies. For the 
curve marked ‘‘apex”’ these relationships are reversed. 


shown in Fig. 15. Although these curves indicate the 
qualitative nature of this effect, its variability impairs 
their quantitative significance. In general, with the grid 
electrode on the round window, the response is largest at 
low frequencies when the ground electrode is on the apex 
and at high frequencies when on the neck muscles. With 
the grid electrode on the apex, the response is largest at 
low frequencies for the ground electrode on the neck 
muscles, and at high frequencies for the ground electrode 
on the round window. At frequencies near 1000 cycles the 
placement of the ground electrode does not influence the 
size of the response. Any measurements of potential as a 
function of frequency must be interpreted in the light of 
the position of the two electrodes. 
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Change of Pitch with Loudness at Low Frequencies* 


WiLuiAM B. Snow, Bell Telephone Laboratories 
(Received February 19, 1936) 


The changes in pitch which result from changes in the 

/ loudness of low frequency tones were investigated for 
several frequencies between 75 and 1000 c.p.s. with a crew 
of 9 observers. The loudness levels covered the range 20 to 
120, and both telephone receivers and a loudspeaker were 
used as sound sources. Fletcher’s pitch standard, a pure 
tone of loudness level 40, was employed. All consistent 
judgments gave pitch shifts downward with increasing 
loudness, but large differences between individuals were 
found. Two observers perceived no shifts at any frequency 
or loudness while three others experienced changes greater 
than 35 percent at the highest intensity. Appreciable 


changes with time in individual judgments were found. 
There appeared insignificant difference between data 
obtained with telephone receivers or with the loudspeaker. 
A set of contours of equal loudness level, plotted on 
coordinates frequency and pitch change in percent, is 
given. These curves show a pitch change small at 1000 
cycles, increasing to maximum at a low frequency and 
decreasing for still lower frequencies. The frequency of 
greatest shift increased from about 100 cycles at small 
loudness to about 200 at loudness level 120. The Appendix 
describes automatic test equipment that greatly simplified 
the testing routine and improved its accuracy. 





INTRODUCTION 


HE pitch of a low frequency tone is not a 
constant uniquely determined by the 
frequency. It decreases when the loudness of the 
tone is increased. This phenomenon has been 
studied quantitatively by Zurmiihl in Germany 
and Stevens at Harvard. Zurmiihl' presented 
results for a number of observers covering 
frequencies from 200 to 3000 cycles and loudness 
levels up to 80. In determining the relative pitch 
his observers listened alternately to two tones 
maintained at constant loudness difference and 
varied the frequency of one tone until both 
sounded of equal pitch. His results indicated a 
marked variation between observers, and an 
apparent frequency of maximum pitch change 
at about 200 cycles, although he states that there 
is doubt about this conclusion. Stevens? de- 
scribed tests of one observer at frequencies from 
150 to 12,000 cycles and loudness levels between 
30 and 110. He presented to the observer alter- 
nate tones differing slightly in frequency and one 
was varied in loudness until the two sounded 
equal in pitch. A maximum pitch change at 200 
cycles was not suggested by these data. Fletcher’ 
discussed the need for a standard of reference 
for pitch and suggested a pure tone of 40 loud- 


* This paper was presented at the Cambridge Meeting 
of the Acoustical Society of America, December 6 and 7, 
1935. 

1G. Zurmiihl, Zeits. f. Sinnesphysiol. 61, 40-86 (1930). 

2S. S. Stevens, J. Acous. Soc. Am. 6, 150-154 (1935). 

3H. Fletcher, J. Acous. Soc. Am. 5, 59-69 (1934); 
J. Frank. Inst. 220, 405-429 (1935). 
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ness level, the unknown tone to be compared 
with this tone, and the frequency of the reference 
tone sounding equal in pitch to the unknown 
to be taken as the latter’s pitch. 

The loudspeakers used in the Washington 
demonstrations of stereophonic reproduction 
in 1933* furnished a sound source capable of 
supplying very loud low frequency sounds with 
small harmonic distortion, and since this end of 
the range had been left unstudied mainly for 
lack of this type of sound source the tests upon 
pure tones here reported were undertaken. The 
objectives were to investigate the differences 
between observers; to determine representative 
relations between pitch, loudness and frequency 
for the frequency range below 500 cycles and 
loudness level range 20 to 120; and to discover 
any differences that might appear between data 
obtained with loudspeakers and with telephone 
receivers. 


EQUIPMENT AND TECHNIQUE 


The tones were presented to the observers 
either through a pair of telephone receivers or a 
loudspeaker. The receiver loudness levels were 
obtained from the calibration published by 
Fletcher and Munson in connection with their 
loudness studies.’ The loudness levels from the 





4“Auditory Perspective—A Symposium,” 
53, 9-32, 216-218 (1934). 

5 H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 5, 
82-108 (1933). 
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CHANGE OF PIIFCH 
loudspeaker were established for the first tests 
by balancing against the receivers, and for the 
following tests by measuring the pressures near 
the ears with a condenser microphone. Both 
sound sources were known to produce harmonic 
distortion 30 or more db below fundamental 
output for the frequencies and levels at which 
they were used. A reference tone of loudness 
level 40 was adopted following Fletcher’s sug- 
gestion and the method of constant stimuli was 
employed as a testing technique. A fuller de- 
scription of the equipment and testing method is 
given in the Appendix. 


RECEIVERS vs. LOUDSPEAKER 


At a first trial of the method three observers 
tested three frequencies using the receivers. 
Next the output of the loudspeaker was bal- 
anced for loudness against the receivers, and the 
tests were repeated using it as a sound source. 
The averaged results appear in Table I. The 


TABLE I. Pitch of pure tones. Average of results of observers 


oe. ay 
FREQUENCY 
(c.p.s.) 100 200 1000 100 200 1000 
LoupNeEss' PITCH PITcH PITCH Av. Pitcu CHANGE (%) 


Levet. L.S. Rec. L.S. Rec. L.S. Rec. 


110 — — 178 179 987 992 —11 1.05 
100-87) 88.5 191 189 985 993 -125 —5 <1 
80 93 94 193 191 993 998 — 65 — 4 —0.45 
60 996 95.5 198 196 998 1008 —4 —15 +40.1 
40 99 100 201 201 1000 999 —05 + 0.5 —0.05 
40 99 100 201 202 1001 — 0.5 +1 

20 100 102.5 201 203 1003 1002 +15 +1 +40.25 


pitch, it will be remembered, is defined as the 
frequency of a pure tone of loudness level 40 
which sounds equal to the unknown in pitch. 
No significant differences appeared between 
loudspeaker and receiver results; so the data 
were averaged to give the pitch change per- 
centages shown in the last three columns. This 
percentage represents the change in pitch as the 
tone is changed from a loudness level of 40 
to the indicated level, and is a convenient value 
to use in comparing the effect at various fre- 
quencies. Numerically it is the difference in 
frequency of the unknown and_ comparison 
tones of equal pitch, expressed as a percentage of 
the frequency of the unknown tone. The data 
indicate that there is a greater shift at 100 cycles 
than at 200, and very little at 1000 cycles. 
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EFFECTS OF PRACTICE 


Following these tests balances were made by 
9 observers with the twin objectives of determin- 
ing the consistency of their judgments and 
giving them practice. The receivers were used, 
and four identical and successive runs were 
made at 100 cycles and loudness levels of 40, 
70 and 95. All of the observers were thoroughly 
experienced in auditory observation, but in this 
type of balance had previously participated in 
only a few tests—about the equivalent of two 
of the present runs. Of course observers 4, 5 and 
7 had the additional practice gained in the tests 
of Table I. Observers 2 and 3 had had formal 
musical training. 

The results are plotted in Fig. 1. No consistent 
practice trends are evident and the group aver- 
ages show only small variations. Inspection of 
the curves reveals wide variations in an indi- 
vidual’s judgment from time to time and appre- 
ciable variations among the testers in the spreads 
of their results. On the whole, observers 4, 5 and 
7 who were most experienced show the smallest 
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Fic. 1. Effect of practice. Results of the 9 observers on 
four successive tests at 100 cycles using head receivers as 
sound source. 
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spreads. The actual pitch change is seen to be 
very different for different persons, but this 
point is better illustrated by the following 
tests. 


TESTS WITH LOUDSPEAKER 


The final set of balances employed the loud- 
speaker as a sound source and the same crew of 
9 observers. Fig. 2 exhibits the results of these 
experiments. A very striking feature of this 
plot is the variation of the pitch change effect 
among the observers, with observers 1 and 2 
hearing no appreciable pitch change over a 
loudness level range of 100 and observer 6 
registering a one-octave shift at 120 loudness 
level and 240 cycles. At this frequency the crew 
seems to divide into a “‘shift’’ group, 5, 6, 7, 8, 9 
and a “‘small-shift’’ group, 1, 2, 3, 4. The pitch 
change proceeds at a moderate pace up to 105 
loudness level, and then increases suddenly to 
almost an octave for the three observers, 6, 7, 9, 
at loudness level 120 (app. 300 bars). Observer 5 
shows a similar sudden change at 140 cycles 
although his absolute judgment is 
equalled by 6 and 9. 

At 75 cycles, which the observers found most 


almost 


difficult to balance, there seems a consistent and 
an erratic group. Observer 8 stated that he 
received very little sense of pitch from this tone, 
while observer 9 felt that he was influenced by 
the rhythm of the tone as well as by his sense of 
its pitch. 

The observers spread fairly uniformly over the 
whole range between no shift and maximum at 
140 cycles. Apparently if an observer experiences 
a pitch change at all it is near this frequency. 

Fig. 3 shows average results for the whole 
crew and Fig. 4 for the four observers, 5, 6, 7, 9, 
who obtained the largest shifts. To each plot is 
added the curve showing the results of the 
receiver tests at 100 cycles. In both cases below 
loudness level 105 the pitch change increases 
as the frequency decreases to 100 cycles. The 
75-cycle curve, however, lies above the 100-cycle 
even though it seems to suffer from a downward 
displacement of about two percent at the equal- 
loudness point. Since the frequencies in this 
region were known within 0.2 cycle the disloca- 
tion is ascribed to some unexplained idiosyncrasy 
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Fic. 2. Effect of loudness level. Results of the 9 observers 
on tests at 3 frequencies using the loudspeaker as sound 
source. 
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Fic. 3. Effect of loudness level. Average of results of the 9 
observers. 


of the technique. Above 105 loudness level the 
frequency of maximum shift becomes 240 cycles 
and the amount of the shift increases rapidly. 
The data published by Stevens? were for his 
single observer who was the most consistent and 
obtained the largest shifts. Certain of his results 
were transposed to a loudness level basis and are 
shown on the plot for the four most consistent 
observers who in this instance also obtained the 
largest shifts (Fig. 4). The agreement is con- 
sidered good, especially gratifying because the 
two sets of data were taken with ‘‘opposite” 
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Fic. 4. Effect of loudness level. Average of the results of 
4 observers perceiving greatest shifts. 
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Fic. 5. Consistency of results. Average of the results of 
3 observers taking part in all tests. Curves labelled ‘“Re- 
ceiver and L.S.”’ plotted from Table I. 


techniques. In Stevens’ tests the comparison 
tone was varied in loudness, whereas in the tests , 
of this paper the frequency of the standard was¥ 
changed. 

It is interesting to examine the results of 
observers 4, 5 and 7 who participated in all tests. 
Fig. 5 shows this comparison. Keeping in mind 
the variations shown by Fig. 1, the agreement is 
considered satisfactory. In particular, while no 
120 loudness level was tested at 200 cycles on the 
first tests, the data at 110 loudness level indicate 
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the sudden increase of pitch change at high 
levels which was an outstanding feature of the 
later results. 


CONCLUSIONS 


An attempt to draw a comprehensive set of 
curves showing the average relation between 
pitch change, frequency, and loudness level at 
low frequencies requires a generous admixture of 
judgment with the experimental evidence. Never- 
theless the attempt has been made because it is 
felt that enough is known to determine the 
general shape of the curves and their approxi- 
mate absolute positions. Fig. 6 is drawn with 
contours of equal loudness level plotted on 
coordinates frequency and pitch change in 
percent. All the data available were considered 
in deriving these curves and were weighted 
according to the judgment of the author. The 
frequency of maximum shift appears to become 
higher with increasing loudness, but remains 
near 100 cycles except for the very loud tones. 

Most observers perceive a lowering of the 
pitch of a low frequency pure tone as the tone is 
increased in loudness. A few do not, but probably 
none consistently observe a pitch increase. 
Shifts may be as high as 50 percent for extreme 
loudnesses, with observers spreading throughout 
the range from 0 to maximum. 

The same pitch changes are observed in an 
open sound field as with head receivers for the 
same loudness levels. 

The pitch changes described herein may seem 





—_}— 











PITCH CHANGE IN PER CENT 


o_ 





2 SS Soe 
| 


= 











| 
| | | | 
}—__4—_4+—__+ att —_—_+—_— 


y 
o 
rit 





FREQUENCY IN CYCLES PER SECOND 


Fic. 6. Contours of constant loudness level. Curves 
show the amount by which the pitch of a pure tone of any 
frequency is shifted as the tone is raised in loudness level 
from 40 to the level of the contour. Example: A 100-cycle 
tone will be changed ten percent downward in pitch if 
raised from loudness level 40 to loudness level 100, but a 
500-cycle tone will be changed only two percent for the 
same loudness level increase. 
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Fic. 7. Circuit diagram. 


appallingly large if all factors entering tone 
production and combination are not appreciated. 
It must be kept in mind that pure tones of the 
high loudness levels used in these tests are 
difficult to produce and seldom if ever occur 
in music where pitch perception is of most 
importance. Complex tones exhibit much smal- 
ler changes in pitch than pure tones of like 
frequency. To one desiring the proper perspec- 
tive in considering these data a careful study 
of the sections on pitch in Fletcher’s* papers is 
recommended. 


APPENDIX 
Equipment and testing technique 


The testing method adopted was the ‘‘AB” test. With 
this technique the observer heard pairs of tones; each pair 
consisted of the reference tone of 40 loudness level but 
variable frequency followed by the unknown tone of fixed 
frequency and loudness; the observer voted as to whether 
the first was of higher or lower pitch than the second, no 
equal judgments being allowed. For each judgment 35 
pairs were presented, 7 reference tone frequencies 5 times 
each in random order. The results were plotted, reference 
tone frequency vs. ‘‘votes higher,”’ and the reference tone 
frequency at which the curve crossed 50 percent was called 
the pitch of the unknown tone. This type of measurement 
is tedious and liable to error if the circuit settings must be 
made by an operator, but for these tests automatic 
equipment was used which made it rapid and simple. 

With reference to Fig. 7 both tones were generated by 
the oscillator, 1, controlled by the frequency shifter, 2. 
This device caused the frequency on the B, or unknown, 


condition to be constant, whereas on the A, or reference, 
condition it had any one of seven frequency steps selected 
by the Random Condition Selector (RCS)3. The steps used 
were 3 cycles wide at 75, 100 and 240 cycles, 2 at 140 
cycles, and 5 at 1000 cycles. By means of dial 2A the 
middle frequency of the group of steps could be shifted 
manually +100 cycles from the frequency of the B con- 
dition. The fader amplifier, 4, started and stopped the 
tones slowly so that there were no clicks. Switch R con- 
nected into the circuit either attenuator 5 and equalizer 6 
for the A condition or attenuator 7 for the B condition. 
The equalizer maintained the A tone at 40 loudness level 
regardless of the frequency. From here the tones were 
further amplified (8) and filtered (9) before entering either 
the power amplifier, 10, and loudspeaker, 11, or the 
transformer and telephone receivers, 13, according to the 
particular test. Voltages on the sound producers were 
measured by 14, while the loudspeaker output was meas- 
ured by microphone and amplifier, 12. Comparison oscil- 
lator 15 was used to check the frequencies of the two tones 
by means of beats. The RCS, 3, controlled the presentation 
of tones and was in turn controlled by the observer through 
the voting control, 17. When the circuits were ready the 
operator lighted the lamp, 16, signalling the observer to 
start. The observer pressed the ‘‘change’”’ button which 
caused the RCS to select a comparison frequency, set it up 
on the oscillator, and present the tones in the correct order. 
Satisfactory timing was found to be: reference tone 1 

cond, silence 0.5 second, unknown tone 1.5 seconds, 
silence 2 seconds. The observer listened to the tones 
usually only once, and pressed either the ‘‘high’’ or 
“low” button, which caused the RCS to stop the tones and 
record the vote on the electrical counter corresponding to 
that frequency step. When the change button was again 
pressed another condition was selected and presented. For 
the first few judgments the operator disconnected the RCS 
from the frequency shifter and manually adjusted dial 24 
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Fic. 8. Tone generating and control equipment. 


until an approximate balance point was found, at which 
time the automatic feature was restored and the machine 
proceeded until 35 conditions were selected in random 
order. The operator tried to make the manual adjustment 
in such a manner that the observer could not tell when the 
switch to automatic operation was made. No votes were 
recorded during the trial balance, of course. A photograph 
of the equipment in Fig. 8 shows at the left the voltage 
measuring set, frequency shifter, oscillator, and fader 
amplifier in order above the shelf, with the RCS, attenu- 
ators and switching equipment similarly arranged on the 
right. The operator is shown making the preliminary 
adjustment with dial 2A as he watches lamps indicating the 
observer’s votes. During the tests two RCS’s were used. 
One has been described in a preceding paper.*® The other, 
used most and illustrated, performed similar functions but 
the condition selecting mechanism was simplified. It 


®W. A. Munson and J. C. Steinberg. Paper presented 
orally at the Pittsburgh Meeting of the A. S. A., December 
1934, and to be published shortly. 
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Fic. 9. Low frequency loudspeaker sound source. 


consisted of a telegraph tape sender, using a large number 
of tapes on each of which were punched the 35 conditions 
selected at random, lottery style. The tape is clearly visible 
in the machine. 

The final set of balances employed the loudspeaker as a 
sound source primarily because this was necessary in 
order to obtain loudness levels above 100 at frequencies 
below 150 cycles. In addition, the observers were subjected 
to more uniform conditions of loudness than is possible 
with head receivers. While with a reasonable sized crew of 
observers the variations introduced by receiver calibration 
may be expected to cancel, with the loudspeaker at these 
low frequencies each observer was subjected to a known 
and identical sound field which eliminated one source of 
uncertainty in the results. Even though the loudspeaker 
was located in the ‘‘deadest”’ available, sound 
reflections caused its characteristic to vary as much as 
+4 db with frequency and this caused the comparison tone 


room 


loudness to vary. Irregularities introduced by this cause 
are considered small compared to the inherent errors 
illustrated by Fig. 1. Since the frequency of the unknown 
tone was constant and accurately maintained all observers 
heard it at the same intensity. The loudspeaker with 
observer in position appears in Fig. 9, wherein the “‘test 
ready” lamp and voting control with three buttons are 
clearly visible. 
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The Influence of Intensity on the Pitch of Violin and ’Cello Tones 


Don LEWIs AND MILTON Cowan, State University of Iowa 
(Received November 26, 1935) 


RTICLES recently published by Zurmiihl,! 
Stevens,” and Fletcher® have focused atten- 

tion upon the relationship between intensity and 
pitch. Fig. 1, which is due to Fletcher, is illus- 
trative of the major experimental findings. It 
will be seen from the curves in this figure that 
significant changes in the pitch of certain pure 
tones accompany variations in loudness level, 
the amount of change depending upon both 
frequency and loudness level. The change is 
greatest for frequencies around 200 cycles (close 
to G below middle C), where a pure tone under- 
goes a flatting in pitch of approximately 5/3 
semitones when its loudness level is raised from 
40 to 100 db. The question naturally arises as to 
whether the pitch of complex musical tones is 
similarly affected by intensity variations. The 
present study was undertaken to answer this 
question as it relates to violin and cello tones.‘ 
The approach used in the study can best be 
described by means of an illustration. Suppose 
the open G string® (about 196 cycles) on a violin 
is played, first as softly and then as loudly as 
possible. Will the two tones be different in pitch? 
The problem can be resolved, without resorting 
to pitch-matching 
skillful violinist play a given 


techniques, by having a 


interval (say 
G2-B;, a major 10th), first very softly (pianis- 
simo) and then very loudly (fortissimo), and by 
measuring the frequencies of the produced tones. 
The violinist, because he plays in terms of pitch 
and not frequency, will separate G2-B; by the 
same perceptual unit at each intensity and will 


1G. Zurmiihl, Zeits. f. Sinnesphysiol. 61, 40 (1930). 

2S. S. Stevens, ‘‘The Relation of Pitch to Intensity,” 
J. Acous. Soc. Am. 6, 150 (1935). 

3 Harvey Fletcher, ‘‘Loudness, Pitch, and the Timbre of 
Musical Tones, etc.,’”” J. Acous. Soc. Am. 6, 59 (1934). 

*Violin and ’cello were especially suitable as experi- 
mental instruments for two reasons: (a) tones played on 
their open strings, the frequencies of which remain essen- 
tially constant regardless of intensity, could be used as 
reference tones (the frequency of vibration of an open 
string changes slightly with changes in intensity of bowing; 
this point will be dealt with later) and (b) the frequencies of 
tones played on stopped strings may be adjusted at the 
discretion of the performer. 

5 Hereafter, this G will be designated as Gs. Middle C, 
in keeping with this designation, is C3. 
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unconsciously make necessary adjustments in 
the frequency of B;. Assume for the present that 
the general form of the Fletcher curves (Fig. 1) 
is valid for violin tones. Ge lies in the region of 
greatest pitch change, B; (about 494 cycles) ina 
region where appreciably less change occurs, 
Thus, the downward pitch change (flatting) at a 
given loudness level is greater for Ge than for 
B;—by an amount more than twice as great; 
and what is more important for the present 
study, the amount of change at Gg is propor- 
tionally much greater than the corresponding 
change at B; for a specified loudness level 
variation. Consequently, the violinist must make 


the frequency of fortissimo B; lower than that of * 


pianissimo B; to give the intervals at the two 
intensities perceptual equality. In short, if the 
extent of the intervals at the two intensity levels 
is determined from frequency values and is 
expressed in the form of a ratio or in terms of 
tones in the tempered scale, the fortissimo 
interval will be diminished as compared with the 
pianissimo interval. It is of no consequence 
whether the frequencies of pianissimo Ge and 
fortissimo Gg are identical. If they are essentially 
the same, and if the extents of intervals are 


indicated in terms of tones and not frequencies, . 


the results will be valid for the purpose at hand. 
Four reputable artists participated in the 
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Fic. 1. (Fletcher) Pitch change as a function of frequency 
level and loudness level. In this figure the horizontal line at 
zero on the ordinate corresponds to a loudness level of 40 
db. Fletcher arbitrarily uses a loudness level of 40 db asa 
reference level for pitch measurements. The frequency 
level is given in octaves above a reference frequency of 
16.35 cycles. 
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experiment.® The general procedure was to have 
these musicians play certain selected intervals 
pianissimo and fortissimo, to measure frequencies, 


and to compute interval extents. It was assumed, 


that the performers themselves were the best 
judges of their own pitch or intonation. The 
tones were recorded photographically on rapidly 
moving film by means of a high quality oscillo- 
graphic recording system. The fundamental fre- 
quencies of the recorded tones were measured. 
Tests of reliability of measurement revealed that 
a computed frequency was statistically signifi- 
cant to 0.01 tone. 

The musicians were instructed to play desig- 
nated intervals, “‘‘first, five times as softly as 
possible, with consideration for good musical 
tones, and then repeat them five times as loudly 
as possible.” The full dynamic intensity range of 
their instruments from pianissimo to fortissimo 
was to be utilized. They were asked, especially, 
to strive for the same intonation at both levels. 
The two tones in an interval were played in 
rapid succession, each tone being sustained for 
about 3 second. By means of loudness matching 
techniques, it was possible to determine that the 
loudness level of pianissimo tones, as judged by 
the performers, was about 65 db and of fortissimo 
tones about 30 db greater. 

The results for one of the violinists are given 
in Table I. The table is practically self-explana- 
tory. Each frequency in it is the average of 
measurements for five different tones. It should 
be noted that an open string was always used 
for the first tone in an interval. The tonal 
separation of the intervals was computed by the 
relation 


Number of tones = 19.93 logo 7, 


where 7 is the ratio of the higher to the lower 
frequency. The last column in the table shows 
whether the fortissimo intervals were diminished 
or augmented as compared with corresponding 
pianissimo intervals, a minus value indicating 
diminution. A value of 0.03 or greater, whether 
plus or minus, is to be regarded as statistically 
significant. 


° The artists were three members of the St. Louis Sym- 
phony Orchestra and the concert master of the Iowa 


Symphony Orchestra. There were three violinists and one 
cellist. 
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TABLE I. 
: on: - Benin 
ENCE 
SEPARA- (Tones f 
INTEN- TION IN minus 
__INTERVAL NoTEs SITY FREQUENCIES TONES tones pp) 
Series A 
GC; pp 195.7-262.9 2.55 
Perf. 4th GrC; ff 1963-2634 2.55 9-00 
5 Gr-E; pp 195.9-327.4 4.45 
Major 6th GE, ff 1964-3288 446 +-9! 
aac, GrGs ‘pp 195.9-391.9 6.00 _ 
Perf.Octave GG, # 196.1-391.2 5.98 ~—-9 
7 G-B; ‘pp 195.9-494.4 8.02 
Major 10th = G) BR, 6ff §=—:196.3-493.6 7.98 —-%% 
GD. “pp 195.9-590.8 9.56 
1S 6G pease oe 
Series B 
G:Eb; pp 195.9-309.6 3.96 
Minor 6th = Geb; ff 196.2-310.9 3.99 +-93 
. ~ G.-F; pp 195.7-349.6 5.02 —_ 
Minor ith =6GSF, ff 1962-3483 497 ~% 
Ocean, Gre. om 1RT-4s Oh 
Aug. Octave G Ge ff 196.2-4186 656 +: 
GCS, “pp 195.8-559.9 9.10 
fe ih- Go. Ff imenea sia *% 
Series C 
E-B; pp 659.8-494.6 2.50 
Perf. 4th E-B; fF 660.9-4944 2.51 +-9 
a E-G; ‘pp 660.0-392.7 4.50 
Major 6th = EG; ff  660.9-393.0 4.59 9.00 
aa. ErE; ‘pp 660.0-330.3 5.99 
Perf.Octave FE, ff  660.9-330.3 6.00 +-9 
a E,-C; pp 660.1-261.9 8.00 
Major iI@h EC, § wim. is ~™ 
Polis Erie oF ee on =a 
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Series A (Table I) was run first. Series B was 
added because of the possibility that sympathetic 
resonance might afford the performer a clue to 
pitch if the stopped string in an interval were a 
prominent harmonic of an open string. Series C 
was used to determine whether results would 
differ when the intervals were played in inverse 
order to those in series A; that is, when the first 
tone of the intervals was higher in frequency than 
the second and played on open E. In series C, as 
in series A and B, the fortissimo intervals would 
be diminished as compared with the pianissimo 
intervals if the pitch-intensity effect were 
operative. 

Results for the other three artists are not 
tabulated here because of their similarity to 
those given in Table I. 

Considered asa whole, the data were equivocal, 
at best. Of thirty values (such as those in the 
last column of Tabie 1), only twelve were 
negative and thus indicative of the possible 
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operation of the pitch-intensity effect. And of 
these twelve negative values, only eight were 
statistically significant. Half of the thirty values 
were positive, eight of them being significantly 
large. Three of the thirty values were zero. 
The results seem to indicate either that inten- 
sity has no consistent effect on the pitch of violin 
and ‘cello tones or that the effect is so slight as to 
be counteracted by other factors in performance. 
The writers are inclined to accept the viewpoint 
that, because of the complexity of violin and 
‘cello tones, intensity does not affect their pitch 
appreciably. This viewpoint is in keeping with 
Fletcher’s® finding that the flatting of a 5-partial 
synthetic complex tone with a fundamental 
frequency of 200 cycles is only about } as great 
as it is for a pure tone of 200 cycles. As Fletcher 
states, the flatting of this complex tone corre- 
sponds approximately in amount to the flatting 
which would be found for any one of the three 
upper partials if it were sounding alone. Perhaps 
the upper partials of violin and ‘cello tones tend 
to control the amount of pitch change which 
accompanies tones of this type when they are 
varied in intensity. If so, the change is negligible. 


AND M. 


COWAN 


A point of incidental interest was brought out 
by the study. It was found that in every instance 
the frequencies of open strings were higher at the 
fortissimo than at the pianissimo level. Special 
measurements of this increase were made for the 
four strings of a violin; and the results are given 
in Table II. The maximum average increase, 1.6 


TARE Ti. 


NUMBER OF 
MEASUREMENTS 


INCREASE OF ff 


AVERAGE FREQUENCY OVER pp IN 


STRING pp ff pp fi CYCLES 
G 45 45 195.8 196.3 0.5 
D 14 19 293.2 293.9 0.7 
A 14 19 438.5 440.1 1.6 
E 25 25 660.1 660.9 0.8 


cycles, was for the A string. This increase is 
rather unique and should probably be attributed 
to the nature of the string. The A string is the 
only all gut string now in general use on the 
violin. The G string is ordinarily silver wire 
wound over gut; the D string, aluminum wire 
wound over gut; and the E string, an all steel 
strand. 
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Certain Subjective Phenomena Accompanying a Frequency Vibrato 


Winston E. Kock,* The Institute for Advanced Study, Princeton, N. J. 


(Received December 6, 1935) 


INTRODUCTION 


N a recent paper discussing the applicability 
| of the principle of uncertainty to sound,! 
certain assumptions were set forth in order to 
explain the marked resemblance to the’ ear 
between a narrow frequency vibrato and a 
narrow amplitude or intensity vibrato for pure 
tones. The suggestion was made that the fre- 
quency vibrato subjectively associated with 
every intensity vibrato (change of subjective 
pitch with intensity) introduced a psychological 
effect which prevented the ear from distinguish- 
ing between a true narrow frequency vibrato 
and that subjectively engendered by a plain 


amplitude vibrato. 
Shortly thereafter, however, Dr. Banesh 
Hoffmann of this institute suggested that the 


amplitude vibrato subjectively heard with a pure 
frequency vibrato might be attributed to the 
increase of intensity with increased 
frequency. Although the subjective change in 


subjective 


intensity in a frequency vibrato less than a 
semitone wide seemed to the author insufficient 
to account for the marked amplitude vibrato, it 
was nevertheless decided investigate the 
matter, especially since, as Dr. Hoffmann pointed 
out, the two explanations could be put to a 


to 


crucial test. If the resemblance were brought 
about by a psychological effect, one would ex- 
pect two vibratos, one a pure frequency vibrato 
and the other a pure amplitude vibrato, to 
seem identical in all respects including phase. If, 
however, the subjective amplitude vibrato ac- 
companying the frequency vibrato were due to 
the subjective increase of intensity with fre- 
quency, two such vibratos would appear 180 
degrees out of phase, since the subjective pitch 
decreases with increased intensity, whereas the 
subjective intensity decreases with decreased 
pitch. i : 





_.* On the Research Staff of the Baldwin Piano Company, 
Cincinnati, Ohio. 


1W. E. Kock, J. Acous. Soc. Am. 7, 56 (1935). 
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EXPERIMENTAL 


In order to permit a rapid change from a pure 
frequency to a pure amplitude vibrato, the set-up 
shown diagrammatically in Fig. 1 was employed. 
Oscillator A is an inductive glow discharge 
oscillator? tuned to a vibrato frequency of 5 to 7 
cycles per second. The inductance L; and the 
capacitance C, are selected to resonate at about 
that frequency, L, being the secondary of a 
high grade transformer and 
hence having an inductance of several hundred 
henries. Potentiometer P; permits the voltage 
to be increased gradually in order to bring the 
frequency up to resonant frequency. The single 
pole double throw switch S allows either a pure 
amplitude vibrato or a pure frequency vibrato 
to be imparted to the sinusoidal oscillations 
produced by another inductive glow discharge 
oscillator B operating at a frequency of about 
200 cycles per second. If the switch S is thrown 
to position 1, the sinusoidal voltage across C, is 
impressed on the grid of a 210 tube and the 
plate current of this power tube then varies 
periodically. This causes the drop in the resistor 
R to vary periodically and likewise the voltage on 
the potentiometer P, which supplies voltage to 
oscillator B. This periodic change of voltage on 
B imparts a pure frequency vibrato to the sine 
wave on condenser C2, which is then amplified 
by the 57 tube. On the other hand, throwing the 
switch to position 2 permits the 57 tube to impart 
an accurate intensity or amplitude vibrato 
(tremolo) to the 200-cycle note. The varying 
voltage from C, affects the bias of the 57 and 
periodically varies the amplification factor. 

The most convenient way of switching from ]\ 
one type of vibrato to the other is by means of | 
the body resistance. The three terminals of S are 
small brass knobs placed so that they may be 
touched by three fingers of the right hand. 
Heavy pressure of the two respective fingers 


audiofrequency 


increases the wideness of either type tremolo 


2 W. E. Kock, Zeits. f. tech. Physik 15, 377 (1934). 
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Fic. 1. Circuit used for comparing frequency and amplitude 
vibrato. 


and the shift from one to the other may be 
rapidly made. This is important inasmuch as the 
phase is rather difficult to compare. 

Another method of comparing the phase was 
to send the voltage across the glow lamp of the 
vibrato oscillator through a small condenser into 
the amplifier so that the ignition impulse of the 
neon tube was heard as a distinct periodic click. 
It was ascertained that this click occurred 
simultaneously with the point of maximum 
intensity in the amplitude vibrato and by de- 
creasing the vibrato frequency to about one a 
second it was found that the click occurred 
simultaneously with the highest pitch of the 
frequency vibrato. Hence if the resemblance 
were due to a subjective increase of intensity 
with pitch, it should be that the frequency 
vibrato acquire maximum subjective intensity 
at the instant of the click. 


RESULTS 


Repeated tests using both methods of phase 
comparison showed definitely that the phase of 
the subjective intensity vibrato associated with a 
pure frequency vibrato was also subjective in 
that it could be shifted at will by the listener. 
Concentration on any particular frequency of 
the tone interval traversed during a vibrato 
cycle caused the subjective intensity to seem 
the greatest at that particular point of the 
cycle. 

It would seem that this corresponds more or 
less to a rapidly executed chromatic scale pas- 


Ee. BOCK 


sage (4 or 5 notes), recurrently ascending and 
descending. It is commonly observed that if no 
note is accented, i.e., if all are sounded with the 
same intensity, a subjective accent can be im- 
parted by the ear to any note of the passage, 
thus designating that particular note as the 
initial note of the phrase. An example of this is 
given in the opening bars of Mendelssohn's 
“Spinnlied,’’ which begins with the chromatic 
passage: G, Ab, G, F#, EZ, F#, G, Ab, G, F, etc. 
Here the first note of the measure and hence of 
the phrase is G and it receives an accent on the 
ascending movement. However, even when no 
accent is imparted, the rhythmic sense of the ear 
can substitute a subjective accent not only on 
the G, as intended, but on any other note of the 
passage. Imagining the top or bottom note of 
the passage to possess the accent appears some- 
what easier, but the fact that the intended 
phrasing can be perceived even without an 
actual accent shows that it is not at all impossible 
to impart a subjective accent to an intermediate 
frequency. 

The vibrato tests would seem to show that the 
same considerations apply to a_ frequency 
vibrato. During each cycle of the vibrato, the 
rhythmic sense of the listener introduces a 
subjective accent which is equivalent to an 
amplitude vibrato, and this accent can be 
shifted to any note of the vibrato interval. If a 
chord accompanies the note to which the vibrato 
is imparted the ear will select that frequency 
which harmonizes with the chord since the 
principle of uncertainty denies precedence to any 
particular frequency.! Thus a note originally 
off pitch may be made acceptable by imparting a 
frequency vibrato to it, provided the intended 
pitch is included in the vibrato interval and 
provided the vibrato interval is not too wide to 
be objectionable. 

The above applies only when no additional 
amplitude vibrato is imparted to the note. 
Tolmie has recently* discussed the side bands of 
a frequency vibrato when considered as fre- 
quency modulation and has shown that there 
are a greater proportion of harmonics in the 
upper side band when both frequency and 
amplitude vibratos are imparted to a note, both 


’J. R. Tolmie, J. Acous. Soc. Am. 7, 29 (1935). 
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vibratos in phase. However, a frequency of 5 or 6 
cycles per second is far too slow to permit the ear 
to analyze a frequency modulated carrier into its 
side bands; it would correspond to the ear analyz- 
ing into a Fourier series a piano note struck 5 
times per second into the harmonics 10, 15, 20, 
25 cycles, etc., which, of course, the ear cannot 
perceive. It would appear that a simpler explana- 
tion of the sharping effect noticed when both 
types of vibratos are present and in phase is that 
the amplitude vibrato imparts a greater intensity 
or accent to the topmost note of the frequency 
vibrato interval when the two vibratos are in 


phase, and the ear is no longer free to confer upon 
any note of the interval its subjective accent. 


CONCLUSIONS 


From the results reported it appears that the 
conclusions to be drawn are that the subjective 
intensity vibrato accompanying a frequency 
vibrato is not due to the subjective comparison 
or association with a pure intensity vibrato and 
also is not due to the change of subjective in- 
tensity with pitch, but rather to the rhythmic 
sense of the listener imparting an accent to a 
particular point in the vibrato cycle, and that the 
point to which this accent is given is arbitrary. 
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Sonic Marker Beacon for Fog Aviation 


CHESTER W. RIcE, General Electric Company, Schenectady 


(Received February 20, 1936) 


INTRODUCTION 


ANY suggestions have been made as to 

ways and means of utilizing sound signals 
as aids to the landing of aircraft in fog. It is 
felt that the method described in the following 
paper has certain advantages over the other 
methods that have come to the writer’s attention 
and constitutes a practical type of sonic boundary 
marking system. The device may also be used as 
a marker beacon in many other applications. 


EARLY EXPERIMENTS 


Fig. 1 shows an early experimental set-up at 
the Schenectady Airport, which was used to ob- 
tain information on the operation of the system. 
The apparatus consists of two 3000-cycle, 1 inch 





Fic. 1. Early sonic marker beacon. 
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diameter whistles mounted in sending mega- 
phones.!' A motor operated cam interrupts the 
air supply to the whistles for the purpose of 
coding the signal. The coding serves the double 
purpose of giving the pilot additional informa- 
tion and at the same time halves the air con- 
sumption of the device. A storage tank was 
utilized to maintain constant air pressure at the 
inlet of the whistles. In these tests the small air 
compressor at the Airport was sufficient to 
supply the whistles during the short space of 
time taken to fly through the beam. Exploration 
on the ground showed that the sound beam 
sent out by this equipment subtended an angle 
of approximately 30° by 60°. 

Ata later date, flight tests were kindly made by 
Captain Albert F. Hegenberger, Dr. J. D. Tear 
and Mr. V. A. Rickard. They flew over the 
marker first in Mr. Rickard’s Stinson-Detroiter 
cabin plane, powered with a Wright J-5, 220 hp. 
engine. They could hear the signals clearly, 
without any listening equipment, at 800 feet. 
Later Captain Hegenberger and the writer 
made listening tests from Captain Hegenberger’s 
450 hp., open cockpit Douglas plane, using the 
sonic altimeter listening equipment.'! With this 
equipment the signals were very distinct at an 
altitude of 2000 feet. At this altitude the signal 
could be picked up approximately 700 feet before 
reaching the boundary and was lost in the 
vicinity of the center of the field, a distance of 
1000 feet. Time did not permit exploring the 
beam at greater heights, but the early ground 
observations reported in the paper already cited,! 
indicate that the beam should be at 
3000 to 6000 feet. 


heard 


APPARATUS FOR WRIGHT FIELD 


These tests demonstrated the practicability of 
the scheme and to obtain further operating ex- 
perience, the more finished apparatus shown in 


1For dimensions and sound output of this whistle see 
Rice ‘‘Sonic Altimeter for Aircraft,’ Trans. A. S. M. E. 4, 
61 (1932). 
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Fic. 2. Sonic marker beacon. 


Fic. 3. 


SY —_ 


an 


Sonic marker beacon mechanism. 





Figs. 2 and 3 was built for further tests by the 
army at Wright Field. Fig. 2 shows the com- 
pleted device as furnished, and Fig. 3 a close-up 
of the motor driven coding valve. The apparatus 
may be mounted on a truck, with a suitable air 
compressor, where portability is desired, or 
permanently located on the boundary of a 
landing field and connected with a suitable com- 
pressed air supply. The air consumption of this 
three-whistle unit at 55 Ibs. per sq. in. gauge 
pressure is approximately 90 cu. ft. of free air per 
minute. This requires a theoretical power input 
for adiabatic compression of 8.55 kilowatts. 
The whistles used in this equipment were similar 
to the 1 inch diameter whistle described in Fig. 5 
of the paper already cited,' except that they had 
a 14 inch diameter throat and were supplied 
through a 3/8 inch standard pipe connection. It 
is now felt that the air consumption of the 
marker beacon could be cut in half by using 
smaller whistles, without impairing its usefulness. 


TYPICAL INSTALLATION 


In Figs. 4 and 5, we have illustrated a plan 
view and elevation of an imaginary airport, in 
which sonic marker beacons are used as boundary 
markers. The field is assumed to be 2000 feet 





2000FT 








Fic. 4. Plan view of airport. 
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Fic. 5. Elevation of airport. 


square. The approximate distribution of the 
fan-shaped beams of sound which are sent up by 
the boundary markers are illustrated by the oval 
shaped dotted lines in Fig. 4. The code sent out 
by station A may consist of dash-dot, while 
station B sends out dot-dash. The cams are so 
designed that a dash has three times the duration 
of a dot and the space between a dash and a dot 
is equal to the duration of a dot. The spacing 
between successive dash-dots is equal to a dash. 
Under these conditions the cams at stations A 
and B may be phased so that the dash-dot 
signal of station A is filled in by the dot-dash 
signals sent out by station B when the listener 
is equally distant from both stations. Under 
these conditions, at 1500 feet and above, the two 
signals will combine to produce a continuous 
note over the center of the field. The comingling 
of the fan shaped beams of sound in this region is 
indicated in Fig. 5. At lower altitudes the two 
signals remain separate and distinct. In the 
above illustrations the axes of the marker beacons 
have been tipped in towards the center of the 
field approximately 10° to bring the overlapping 
central zone lower down. The best arrangement 
will, of course, depend upon the location and 
surroundings of the particular airport which is 
being marked. 

Self-starting synchronous motors are con- 
templated for driving the coding valves. With 


properly designed synchronous motors a great 
many starts can be made before it will be neces- 
sary to reset the cams at the various stations. 


IMAGINARY BLIND LANDING 


The following description of an imaginary 
blind landing made by the combined use of 
the sonic boundary marker and sonic _alti- 
meter! equipment will bring out the method of 
operation: 

It is assumed that the aviator has been brought 
to the close proximity of the airport by means of 
his compass and well-known radio aids. Besides 
the sonic boundary markers, A and B, the field 
is equipped with short range, crossed loop radio 
beacons, C and D, or some other type of runway 
localizing means. The aviator is assumed to pick 
up the local airport radio beacon at a distance of 
five to ten miles from the airport, and be guided 
by it to the immediate vicinity of the field. 

We will assume that on his first passage across 
the field the pilot selects an altitude of 2000 feet, 
as indicated by his barometric altimeter which 
has previously been checked by radio communi- 
cation with the ground or by sonic altimeter 
soundings. The radio beacon will hold him ap- 
proximately on a line which passes over the 
center of the field. When he comes within about 
500 feet of the boundary of the field he will begin 
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SONIC MARKER 
to hear the dash-dot signal from boundary 
marker A, as shown in Fig. 5. He will continue 
to hear this dash-dot signal until he approaches 
the center of the field, at which time he will begin 
to pick up the dot-dash signal sent out from 
sonic marker B. Under these conditions, the two 
signals will overlap and produce a practically 
uniform note, since he is approximately equally 
distant from stations A and B. This will locate 
in a general way the center of the field. As he 
continues in his flight he will pass out of this 
zone and come into the region above B, where 
he will hear the dot-dash signal only. He will 
then pass on out of the beam from station B, 
make a circle and come back again into the 
radio beacon and approach the field at the lower 
altitude of 1000 feet. When he arrives near the 
field boundary he will pick up the dot-dash 
signal from station B, pass through it into a 
relatively silent zone over the center of the 
field and into the dash-dot signal from station A, 
and out again and over the western boundary. 
He will circle again, coming back as before into 
the line defined by the radio or other runway 
localizing system, and return at 500 feet and 
pass again over the landing field. We assume 
that he has now obtained a fair idea of the size 
and extent of the field as a result of the three 
trips through the sound field above the airport. 
He now circles a fourth time, and approaches 
the field at an altitude of approximately 250 
feet for the purpose of actually making his 
landing. Assuming that he is traveling at the 
rate of 90 miles an hour, or 132 feet per second, 
he will hear the dot-dash signal for approxi- 
mately 1.9 seconds on his final passage through 
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boundary marker B, at an altitude of 250 feet. 
After passing out of the signal he will be ap- 
proximately 100 feet within the boundary of the 
airport. From this point the actual landing is 
made by the aid of the sonic altimeter and other 
instruments, in the manner already outlined.! 

In the above example we have assumed that 
there is a general understanding that the aviator 
should land in the direction from the dot-dash 
to the dash-dot signal and thus permit the system 
to take care of the wind conditions on the ground. 
In order to take care of varying wind directions 
it will either be necessary to have several sonic 
markers placed at different positions around 
the field or it may be more practical to have the 
marker beacons mounted on trucks so that they 
can be moved. A similar procedure will, of 
course, be necessary for the radio beacons which 
are used as runway markers and are relied upon 


to keep the aviator on a straight course across 
the field. 
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The Sonic Locator 
An Aid to Fog Navigation 


CHESTER W. Rice, General Electric Company, Schenectady 
(Received February 18, 1936) 


HE sonic locator described in the following 
paper is an outgrowth of the writer's 
development of the sonic altimeter for aircraft.' 
The device used in the experiments outlined 
below is shown in Fig. 1. It consists of a sending 
megaphone and a pair of binaural receiving 
megaphones mounted together so that the com- 
bination may be turned through 180° or more, 
which enables the operator to sweep the horizon 
while listening. The top megaphone is the 
sender and contains a 3000-cycle air whistle 
which is mounted at what may be called the 
effective acoustic focus of the horn.? It is im- 
portant to have the whistle mounted at this 
point to obtain the maximum output of sound. 
The whistle is connected through a swing-elbow 
which conveys the air from the whistle valve to 
the whistle, and at the same time acts as the top 
bearing. A pair of binaural listening horns are 
mounted on the same framework so that the 
three horns turn as a unit. 

The receiving megaphones, 12 inches diameter 
by 30 inches long, are connected by reducing 
cones to high pass shielded acoustic filters,’ and 
thence through the shaft to the binaural ear 
pieces not shown in the photograph. 

The framework structure is mounted on the 
top of the pilot house or other convenient 
listening position. The shaft on which the hand- 
wheel is mounted projects through the roof of 
the pilot house so that the listener may be 
protected from wind and weather and at the 
same time orient the device in any desired direc- 
tion. A scale is mounted above the handwheel 
which allows the listener to know in what 
direction the outside listening apparatus is 
pointed. A latch is provided to lock the apparatus 
in the straight ahead position. 

The method of operation is briefly as follows: 

A short blast of the sending whistle is pro- 
duced by a quick jerk on the whistle rope. At the 


1 Rice, Trans. A. S. M. E. 4, 61 (1932). 
2 See reference 1, Appendix No. 1. 
3 See reference 1, Appendix No. 2. 


same time a stop watch is pressed by hand. The 
observer hears the outgoing signal at a com- 
fortable intensity, because of the high degree of 
directivity of the sending and receiving equip- 
ment. This, of course, is only possible because 
we are using such a high frequency that the 
dimensions of the sending and receiving equip- 
ment are large compared with the wave-length 
of the sound used. The listener watches the hand 
of the stop watch and notes the time in seconds 
at which an echo or series of echoes is heard. 
Experience shows that under normal conditions 
a five-second listening period is sufficient. When 
the five-second interval has been run off, the 
stop watch is returned to zero and a new whistle 
blast sent out. Thus soundings are taken prac- 
tically every five seconds. 

The above apparatus as installed on E. W. 
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Rice, Jr.’s 50X10 ft., 17-ton motor boat, the 
Wanango, is shown in Fig. 2. The boat is powered 
with two 100 hp. Kermath engines and has a 
cruising speed of approximately 12 miles per 
hour. A small compressor driven from the engine 
provided an 80-lb. air supply for the whistle. 
The average air consumption is approximately 
3.2 cu. ft. of free air per minute, assuming 1/5 
second blasts at 5-second intervals. 

The following results were obtained under 
various weather conditions in Fishers Island 
Sound between August 23, 1931 and September 
8, 1931. The wind condition varied between 
practically calm and 20 miles per hour; the sea 
from very smooth to quite choppy with white- 
caps. In general the wind and sea appeared to 
have relatively little effect on the range ob- 
tained in this work. No echoes were obtained 
from whitecaps, though a faint outrushing 
sound can be heard in rough weather, which is 
probably due to the scattering of the outgoing 
whistle sound by the waves and wind. The boat 
was run at its normal cruising speed of approxi- 
mately 12 miles per hour during all tests. Thus, 
normal interference due to wind, engine noise 
and vibration was present during all of the 
recorded results. In most cases the method of 
procedure was to lock the listening gear straight 
ahead and have the skipper of the boat steer at 
various objects which were unknown to the 
observer. The observer would start taking 
soundings at five-second intervals and call out 


to the skipper the time at which an echo from 
an object of given size was first heard ahead. 


(1) Average distance at which a typical shore line could be 
picked up—3 to 5 seconds (1620 to 2700 ft.) 

(2) State Pier at New London (a large rectangular 
building on Pier)—4} seconds (2430 ft.) 

(3) The Fishers Island boat (159 ft.x40 ft., and 563 

tons)— 

a. Head on—2} to 3 seconds (1350 to 1620 ft.) 

b. Broadside—3} to 4 seconds (1890 to 2160 ft.) 

c. Back end—3 to 4 seconds (1620 to 2160 ft.) 
The Oceania (Mr. Brown’s yacht, 156 ft. 24 ft., and 
129 tons)— 

a. Head on—2} to 3 seconds (1350 to 1620 ft.) 

b. Broadside—3 to 4 seconds (1620 to 2160 ft.) 

c. Back end—2} to 3 seconds (1350 to 1620 ft.) 
(5) Southwest Ledge Lighthouse (a large square structure 
roughly 50 ft. square by 30 ft. high)— 

a. Heading on a corner—2} to 3 seconds (1350 to 

1620 ft.) 

b. Broadside—4 to 4} seconds (2160 to 2430 ft.) 
Seaflower Reef, Marker Beacon (cylindrical stone 
structure approximately 9 ft. diameter by 9 ft. high, 
with an angle-iron superstructure)—2 to 3 seconds 
(1080 to 1620 ft.) 

(7) Small sail-boat (approximately 30 ft.)—2} seconds 
(1350 ft.) 

Submarine R-13, quartering, head on—2 seconds 
(1080 ft.) 

Fishing boat (30 ft. motor driven)— 

a. Head on—1} to 2 seconds (810 to 1080 ft.) 

b. Broadside—2 to 23 seconds (1080 to 1350 ft.) 
(10) Rowboat (with three people)—1}4 seconds (810 ft.) 
(11) Spar Buoy (1 ft. diam. by 15 ft. long)—} to 1} seconds 

(270 to 810 ft.) 
(12) Nun or Can Buoy (approx. 2 ft. diam. by 4 ft. high)— 
1 to 1 second (270 to 540 ft.) 
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MANEUVERING TIME AVAILABLE BEFORE 
COLLISION 


If a boat is moving forward at 15 miles an 
hour it will have traveled 110 feet during the 
five second interval between soundings. If two 
boats are approaching at 15 miles per hour each, 
the five-second interval corresponds to a relative 
change of position of 220 feet. Thus, at the low 
speeds which are required in thick weather, a 
boat has not gone very far between two con- 
secutive soundings. 

In Table I we have given in column 2, the dis- 
tance of an object corresponding to an echo 
time of zero to five seconds; in columns 3, 4 and 
5, the time available for maneuvering before the 
boat would reach the stationary object, when go- 
ing at 30, 15 and 73 miles per hour, respectively. 

For example, if an echo is heard from land at 

> seconds, which corresponds to 2430 feet, the 
time available for maneuvering is 111 seconds at 
15 miles per hour, and 222 seconds at 7} miles 
per hour. If the shore line is straight, the total 
time before the boat would actually strike is, of 
course, lengthened as the boat turns and ap- 
proaches at a slanting angle. 

In the case of two boats, like the Fishers 
Island Ferry, coming head-on, the warning time 
is approximately 3 seconds, corresponding to 
1620 feet. This gives a maneuvering time of 36.8 
seconds at 30 miles per hour relative speed of 
approach, or 73.7 seconds at a relative speed of 
approach of 15 miles per hour. This should be 
sufficient time to prevent a collision, provided 
prompt action is taken as soon as the warning 
echo is obtained. 


TRIP FROM NEW LONDON TO FISHERS ISLAND 
IN A REAL Foc, Tuurspay, AuGustT 27, 1931 


We left Burr’s Filling Station dock in New 
London harbor for Fishers Island about 6 P.M. 
A heavy fog had come in on a southeast breeze 
(approx. 8 miles per hour). The visibility was 
approximately 500 feet. Going down the harbor 
I kept listening ahead at 5-second intervals and 
from time to time checked our distance from the 
right-hand shore by echo. We took a bearing 
from Pine Island buoy and headed for West 
Harbor at Fishers Island. The installation of the 
sonic locator had affected the compass correction 


TABLE I. 








MANEUVERING TIME IN SECONDS FOR 





TIME TO DISTANCE DIFFERENT BOAT SPEEDS 
HEAR EcHO OF OBJECT 30 miles 15 miles 7} miles 

(seconds) (feet) per hour per hour per hour 
0 0 0 0 0 
0.5 270 6.2 12.3 24.6 
1.0 540 12.3 24.6 49.2 
1.5 810 18.4 36.6 SaGT 
2.0 1080 - 24.6 49.2 98.2 
2.5 1350 30.7 61.3 123.0 
3.0 1620 36.8 (ke 148.0 
3.5 1890 43.0 86.0 172.0 
4.0 2160 49.0 98.2 197.0 
4.5 2430 55.2 111.0 222.0 
5.0 123.0 246.0 


2700 61.3 


and accordingly we were not sure how close we 
would hit our destination. 

In about 20 minutes I called out, ‘“‘land ahead 
at 4 seconds.” This was the first indication we 
had that we had reached the Island. We pro- 
ceeded slowly and could soon make out the beach. 
The bank of the shore line was never seen. We 
then turned to the left and proceeded along the 
shore at a safe distance as determined by echo. 
A few minutes later I heard the familiar sound 
of a bell buoy through the listening gear. Neither 
my son, Wilbur, nor the skipper of the boat, 
who were keeping a sharp lookout, had been 
able to pick it up with the unaided ear. I was 
able then to locate accurately its direction 
binaurally. From the chart we knew that this 
buoy lay about midway between North Dump- 
ling and North Hill on Fishers Island. This, of 
course, fixed our position. 

We then proceeded towards the harbor. I next 
gave warning of a ‘‘boat ahead at 3 seconds.” 
This proved to be a small yacht at anchor. After 
passing this boat I called ‘‘land at 33 seconds,” 
and a few minutes later I could hear the children 
talking on the dock and could locate them 
binaurally. 

This experience in real fog makes me feel that 
the sonic locator constitutes a valuable aid to fog 
navigation. 


DESIRABLE ADDITIONS TO THE SONIC LOCATOR 
EQUIPMENT 


The sonic locator used in the tests outlined 
above was built to test out the principle at a 
minimum cost and, therefore, did not include the 
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conveniences which we knew would be desirable 
if the device proved successful. 

Our experience has shown that it is desirable 
to have a motor operated whistle valve similar 
to that used on the sonic altimeter,! which will 
automatically give a whistle blast approximately 
ever five seconds. 

We should also have a timer similar to that 
used on the sonic altimeter, mounted in front 
of the listener, so that each time a whistle blast is 
sounded the pointer starts to revolve around a 
scale which is marked to indicate the distance 
of the object when the echo is heard, directly in 
feet. Our experience to date indicates that the 
pointer should make one revolution in 4.4 
seconds. This corresponds to a distance of 2400 
feet for the maximum useful echo range. 

It may also be desirable to have the filters 
arranged so that their cut-off points may be 
adjusted at will. By lowering the cut-off point 
when wind conditions permit, we believe con- 
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siderable improvement will be obtained in the 
use of the device as a simple binaural pick-up 
for bell buoys, fog horns, motor boat exhausts, 
etc. 

Fig. 3 shows one of the new equipments in 
which the above features have been added. 


REVIEW OF FACTORS WHICH ACCOUNT FOR THE 
PERFORMANCE OF THE SONIC LOCATOR 


The factors which make the sonic locator a 
valuable new tool for fog navigation are as 
follows: 


(1) Use of high frequency, i.e., between 2000 and 4000 
cycles. This makes possible a highly directive unidirectional 
transmitter and receiver which could not be obtained if a 
low frequency source was used. High directivity requires 
that the dimensions of the apparatus be large as compared 
with the wave-length of sound employed. Without the 
highly directive sending and receiving equipment the 
device would be of relatively little value because it would 
not be possible to tell from which direction the echo is 
coming. This is especially noticeable when working near 
shore or in harbors where the echo from the shore line 
would absolutely prevent picking up an object ahead unless 
a highly directive device is employed. 

(2) By using high frequency we are able to use acoustic 
high-pass filters which practically eliminate wind noise 
in the directive receiving horns. The acoustic shielding of 
the filters against wind and noise is, of course, essential. 

(3) A further advantage of the high frequency is that the 
scattered sound which is what we rely on principally for 
our echo, increases according to Rayleigh’s law of scattering 
as the fourth power of the frequency. For example, our 
3000-cycle whistle gives 10,000 times the scattered energy 
that would be obtained with an ordinary whistle of 300 
cycles. 

(4) The ability to turn the device and scan the horizon is 
also a valuable feature. 

(5) Adjustable acoustic filters are desirable so that when 
the wind conditions permit, the cut-off point can be 
lowered and some improvement obtained in the use of the 
device as a binaural pick-up for bell buoys, fog horns, 
motor boat exhaust noises, etc. 
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Apparatus and Technique for Reverberation Measurements 


FREDERICK V. Hunt, Cruft Laboratory, Harvard University, Cambridge, Massachusetts 
(Received May 21, 1936) 


The conventional method of timing sound decay to an 
adjustable threshold is made automatic by a system of 
relays which control the following sequence: When a 
predetermined sound level is attained in the chamber the 
source is turned off and an electric timer is started; when 
the sound level falls to the adjustable threshold the timer is 
stopped and the source is turned on again. This recurrent 
cycle is stopped after ten repetitions and the average time 
for a single decay may be read directly from the timer. The 
apparatus is entirely a.c.-operated and 80 db of decay can 


be recorded in the middle audiofrequency range. It is found 
that a low-pass electric wave filter can be used to eliminate 
the rapid fluctuations in the rectified output of the micro- 
phone amplifier without altering the recorded decay rate. 
This artifice, in conjunction with the warble tone, is 
capable of reducing the deviations from smoothness in the 
decay curves to a value comparable with the random 
timing error without resorting to rotating vanes in the 
sound chamber. A statistical analysis of the residual 
timing errors is given. 





INTRODUCTION 


LTHOUGH the high speed sound-level 

recorder is undoubtedly the most elegant 
method of securing reverberation data, there are 
many occasions when accurate point-by-point 
data are desirable. This type of data is almost 
necessary for a quantitative analysis of the effect 
of changes in measuring technique and it offers 
the most accurate method of determining ab- 
sorption coefficients by the reverberation method. 
Accordingly we have constructed a new semi- 
automatic reverberation timer which, while 
employing the conventional method of timing 
the sound decay to an adjustable threshold, 
embodies some novel features. It is the purpose 
of this paper to describe these novel features, to 
discuss a new experimental artifice for securing 
smooth decay curves, and to present an analysis 
of the precision of the data secured by this 
method. 


APPARATUS 


A block diagram illustrating the general layout 
of the system is shown in Fig. 1, and a photo- 
graph of the complete assembly is shown in Fig. 
2. The apparatus is entirely a.c.-operated, except 
for one bias battery, and is mounted on two 
portable racks. One rack contains the sound- 
source equipment consisting of warble-tone 
generator, 20-watt power amplifier, electronic 
frequency meter, and power supply units. The 
direct-reading frequency meter! is especially con- 


1 Hunt, Rev. Sci. Inst. 6, 43 (1935). 


venient because it permits continuous monitoring 
of the average frequency of the warble tone. The 
second rack contains the sound-pick-up equip- 
ment consisting of microphone preamplifier, two- 
channel attenuator, band pass filters, line 
amplifier, timing and control panel, and power 
supply unit. The racks are interconnected with 
two patch cords for the remote control of the 
loudspeaker and for synchronization of the 
loudspeaker cut-off in the warble cycle. All of 
the operating controls are grouped on the timer- 
control panel and provide for either manual or 
automatic operation. 

The operation of the automatic timing cycle 
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Fic. 1. Functional diagram of the reverberation timer. 
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Fic. 2. Photograph of the reverberation timer assembled on 
two portable racks. 


proceeds according to the following sequence.’ 
When a pushbutton is pressed the loudspeaker is 
turned on and the two-channel attenuator is 
switched to the channel having high attenuation 
and designated in Fig. 1 ‘for loudspeaker cut-off 
control.’”’ When the sound level in the chamber 
reaches a value determined by the attenuation 
in this channel the control relay releases. This 
operation will turn off the loudspeaker, start the 
electric timer, and switch the attenuator to the 
timing channel, but the operation cannot be 
completed until a holding relay is released by a 
synchronizing contact mounted on the shaft of 
the warble-tone condenser. This insures that the 
loudspeaker will always be turned off at exactly 
the same point in the cycle of frequency varia- 
tion. When the sound level in the chamber has 
decayed to the threshold established by the 
setting of the timing channel of the attenuator 
the control relay operates to stop the electric 
timer, to switch the attenuator back to the 


* An automatic cycle of this type has been employed by 
Holtzmark and Tandberg, Elek. Nach. Tech. 10, 389 
(1933). 
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loudspeaker control channel, and to turn on the 
loudspeaker again. A step-by-step contactor is 
advanced at each operation of the loudspeaker 
relay and automatically interrupts the timing 
cycle after ten repetitions. Thus the average 
time for a single decay can be read directly from 
the dial of the electric timer. The setting of the 
timing channel of the attenuator is adjusted for a 
new threshold and the foregoing sequence is 
repeated until data are obtained for the complete 
decay curve. 

The band pass filter indicated in the micro- 
phone amplifier chain has constant transmission 
within 1 db over an octave band centered at the 
measuring frequency, and a loss of at least 35 db 
for frequencies more than forty percent removed 
from these band limits. Although our reverber- 
ation chamber is not isolated from the building 
structure the filter removes enough of the 
acoustical and electrical background noise to 
permit 80 db of decay to be recorded in the 
middle frequency range under average conditions. 

The usual method of employing a _beat- 
frequency oscillator and a rotating condenser is 
adopted for the production of the warble tone. 
An attempt was made to design a rotating 
condenser which would allow the width of the 
warble band to be varied without altering the 
mid-frequency. This can be accomplished if the 
rotating condenser produces two sinusoidal 
variations of capacitance whose relative phase 
can be altered. The rotating plates consist of 
three six-bladed rotors, each blade being cut to 
give approximately a sinusoidal variation of 
capacitance with angle. The stator plates are 
divided into two sections, one section being 
mounted on a long bearing so that it may be 
shifted about the axis of rotation by means of a 
gear and worm. The use of a six-bladed rotor 
enables the rotor speed to be kept small enough 
to avoid noise and vibration and, when directly 
coupled to the shaft of a small self-starting 
synchronous clock motor, the operation is quiet 
enough to allow the equipment to be operated 
inside the test room should this ever be desirable. 
Small fiber gears are also provided for variation 
of the rotor speed. A photograph showing a rear 
view of the condenser assembly is shown in Fig. 3. 
Although considerable mechanical precision is 
required.to achieve very narrow warble bands, 
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Fic. 3. Rear view of the rotating condenser assembly. 


the apparatus shown is capable of varying the 
band width from +20 cycles to +900 cycles 
without shifting the midfrequency more than 
+4 cycles. This performance is illustrated by the 
curves of Fig. 4. 

Almost everyone who has employed a loud- 
speaker as a source for reverberation measure- 
ments is familiar with the loud click that arises 
when the loudspeaker is turned off suddenly. An 
obvious solution for this trouble is to turn the 
speaker off less suddenly. This is accomplished by 
the circuit shown schematically in Fig. 5. The 
power amplifier contains two stages of voltage 
amplification preceding the final output stage. 
Each voltage amplifier has in its plate supply 
lead the usual resistance-capacitance decoupling 
filter. With a _ well-regulated plate voltage 
rectifier? the value of the capacitance C can be 
selected almost at will, and in this case a value is 
chosen such that when the plate voltage is 
interrupted by a switch or relay contact the 
actual plate voltage on the amplifier tubes decays 
slowly enough to avoid the loudspeaker click. 
The resistance R of the filter is then selected so 
that the rise of voltage when the switch is closed 
will not produce a similar click. If triodes are 
used in the amplifier it is usually necessary to 
remove the plate voltage from at least two stages 
in order to avoid transmitting a background 
signal through the tube capacitances. 

An electric timer of the impulse-counter type is 
operated from the 60-cycle controlled-frequency 
mains. A photograph of the driving mechanism 


’The voltage-regulation circuit employed in these 
rectifier units is being described in another communication. 
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WARBLE-TONE GENERATOR PERFORMANCE 


Fic. 4. Curves illustrating the performance of the warble 
tone generator. The instantaneous frequency varies 
sinusoidally between the upper and lower limits indicated 
by the curves. 
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Fic. 5. Schematic diagram showing the resistance- 
capacitance filter circuit which can be designed to eliminate 
the transient click arising when the loudspeaker is turned 
off or on. 


of the timer is shown in Fig. 6. The instrument 
was constructed by utilizing parts from an old 
stopwatch and a W.E. cone loudspeaker. The 
mechanical lever connecting the balanced arma- 
ture movement with the loudspeaker cone was 
replaced by a light aluminum strut providing a 
six-to-one step-up in amplitude. The end of the 
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Fic. 6. Photograph showing the driving mechanism of the 
electric timer. 


strut carries a light steel spring which bears 
against a 60-tooth ratchet wheel mounted directly 
on the shaft of the sweep hand of the stopwatch. 
That part of the gear train connecting the sweep 
hand to the revolution counting hand and the 
resetting mechanism are retained, while the 
escapement is abandoned. Since the magnetic 
drive unit is polarized the ratchet is advanced 
one tooth per cycle and the hand sweeps the dial 
once each second. A dial graduated with 100 
divisions leads to convenience in reading and the 
reset control is brought to the front of the panel 
for convenience in operation. The applied voltage, 
normally about 35 volts and obtained through a 
step-up transformer from the filament heating 
circuit, may be varied by +25 percent without 
affecting the operation of the timer. Tests with a 
synchronous commutator arranged to produce 
short contacts of known duration have estab- 
lished that the timer will start or stop within one 
cycle so that the maximum clock error is 1/60 
second. The timer has been thoroughly reliable 
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during ten months of steady service. There is 
every indication that with careful construction 
a unit of this type could be constructed to 
operate, either as a timer or as a high-speed 
counter, with a resolution as great as 1/500 
second. 

The microphone preamplifier has an adequate 
volume range to handle the maximum signal 
without serious overloading, but the line ampli- 
fier (see Fig. 1) must occasionally be submitted 
to an overload as great as 75 db. In spite of this 
overload the line amplifier must recover its 
normal operating characteristics very quickly. 
This amplifier is resistance-capacitance coupled 
except for input and output transformers and the 
high recovery speed is attained by choosing the 
coupling resistors and condensers so that no time 
constant exceeds 6 milliseconds. The loss of low 
frequency response which would normally arise 
from this design is compensated by appropriate 
selection of the decoupling filters.* In addition to 
the quick recovery time of the line amplifier it is 
necessary, in connection with the rectifier-filter’ 
to be discussed below, to establish a very flat 
overload characteristic for the combined ampli- 
fier-rectifier system. This is achieved partially by 
using a low impedance transformer load for the 
output stage of the line amplifier. The sharp 
cut-off is more definitely established by the 
biased diode indicated in the schematic diagram 
of Fig. 7. The diode plays no part in the circuit 
until the rectified voltage exceeds the potential 
of the bias battery; thereafter it serves as a low 
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Fic. 7. Schematic diagram showing the connections of 
the rectifier-filter and the biased diode which is used to 
secure a flat overload characteristic. 


4Kell, Bedford and Trainer, Proc. I.R.E. 22, 1256 
(1934). 








38 FREDERICK V. 





08 





ATTENUATION 








FREQUENCY 
CYCLES PER SECOND 


Fic. 8. Typical attenuation characteristics of the 
rectifier-filters, measured experimentally under conditions 
simulating the normal operating conditions. 


impedance path to limit any further increase 
in the rectified voltage. 

The rectifier-filter, whose connections are 
shown in Fig. 7, consists of a single constant-k 
low-pass section (cut-off frequency ca. 5 cycles) 
interposed between the rectifier and the d.c. 
amplifier stage containing the control relay. The 
filter reactor,» nominally 400 henries, has a 
generous core and was originally designed as a 
push-pull output choke. The cut-off frequency of 
the filter can be altered by changing the shunt 
capacitances with a corresponding change in the 
terminating resistance. Inasmuch as the fre- 
quency range involved is rather low it seemed 
advisable to measure the attenuation charac- 
teristics of the filter directly. The results are 
shown in Fig. 8, and it appears that there is 
nothing unusual about the design and perform- 
ance of conventional wave filters for this fre- 
quency range except the difficulty of making 
measurements. The effect of the rectifier-filter on 
the performance of the reverberation timer will 
be discussed below. 


EXPERIMENTAL RESULTS 


As an example of the performance of the 
apparatus the decay curve of Fig. 9 was recorded. 
Ten groups of ten observations were recorded for 
each point of the curve and for each of four 
microphone positions, so that the complete curve 
represents 6800 sound decay transients. The 


5 Amertran L-261. 
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Fic. 9. Sample decay curve for the empty sound chamber; 
100 observations for each point at each of four microphone 
positions, 


departure from linearity in this curve is not 
apparent in the first 50 db of decay but is very 
definitely exhibited in the last 30 db. Since no 
rotating vanes or artificial sound diffusing 
methods are employed (the warble tone cannot 
be regarded as a diffusing agency) such a 
phenomenon as this curvature should be amena- 
ble to an appropriate mathematical analysis. 
Until this analysis is available the curvature is 
tentatively ascribed to the lack of symmetry® in 
the dimensions of the reverberation chamber 
(21°G" MISS" X41'S"). 

However automatic the apparatus may be it 
becomes tedious to record as many as 400 
observations for a single point on a decay curve. 
We have, therefore, made a detailed analysis of 
the value of repetitious data. The results of this 
analysis can be exhibited in two ways. Fig. 10 
shows a series of curves, plotted on a much 
enlarged scale, giving the average decay time for 
each point on a decay curve plotted against the 
number of observations entering into the compu- 
tation of the average. If we assume that 100 
represents ‘‘a very large number of observations” 
we can compute from these data the timing error 
that would be introduced by making only 10, 20 
or 40 observations for each point. Twenty-three 





6 P, E. Sabine, J. Acous. Soc. Am. 6, 241 (1935). 
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SHOWING PROGRESSION OF THE AVERAGE DECAY TIME 
AS ADDITIONAL OBSERVATIONS ARE RECORDED 
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Fic. 10. Curves exhibiting the consistency of the data. The (cumulative) average decay time for each point is plotted 
against the number of observations used in computing the average. 


decay curves representing various room con- 
ditions, microphone positions, and filter cut-off 
frequencies, have been analyzed in this way and 
the results are shown in Fig. 11. The ordinate of 
these curves gives the percentage of the total 
number of observations having errors less than 
the abscissa values. The probable error, corre- 
sponding to the 50 percent ordinate, is 7, 10.5, 
and 14.5 milliseconds for 40, 20 and 10 observa- 
tions, respectively. The average error computed 
from the original data is shown on each curve. 
Both from the relationship between the average 
and probable error and from the variation of 
probable error with number of observations we 
can conclude that these are accidental errors of 
observation following the usual Gaussian distri- 
bution. On this basis the probable error in 
timing a single decay transient is approximately 
47 milliseconds. Since this figure is about three 
times as large as the present resolution of the 
electric timer it is unlikely that the precision can 
be greatly improved by the timer alone. If we 
choose 10 milliseconds as an allowable average 
timing error it follows that at least 40 observa- 
tions should be made for each point of the decay 
curve. It should be mentioned that these 


numerical results are only obtained when the 
point of loudspeaker cut-off is synchronized 
with the warble cycle; without such synchroniza- 
tion the random timing error is approximately 25 
percent greater and a correspondingly greater 
number of observations must be made to attain 
the same average timing error. 

We may now discuss the effect of the rectifier- 
filter on the sound decay curves. As the cut-off 
frequency of the filter is lowered the envelope 
delay time is increased so that each point of the 
decay curve is shifted to the right on the time 
axis. This effect is exhibited in Fig. 12 which 
shows the central straight portion of a family of 
curves recorded for different cut-off frequencies 
of the rectifier-filter. These curves are parallel 
within the limits of variation ascribable to the 
deviation from linearity of the points on each 
curve. Thus it is established that the rectifier- 
filter does not affect the slope of the recorded 
decay curve even though the delay time of the 
filter is comparable with the reverberation time. 
The primary function of the filter is to remove 
from the rectifier output the high frequency 
components associated with rapid fluctuations 
about the mean decay curve. To the extent that 
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Fic. 11. Error distribution curve for a set of 23 decay 
curves, based upon 16,000 individual decay transients. 


this can be achieved the filter represents a new 
experimental artifice for smoothing out the 
recorded sound decay curve. While no detailed 
analysis of these fluctuations is yet available it 
appears that the fluctuation frequency may be at 
least as high as 50 cycles and that the frequency 
and amplitude of the fluctuations depend upon 
the number, damping, and frequency distri- 
bution of the normal modes of vibration involved 
in the decay transient. Experimentally the 
fluctuations are exhibited by chattering of the 
control relay as the sound pressure oscillates 
through the threshold value before finally 
remaining below this value. It is possible to 
devise thyratron circuits which will stop the 
timer at the first instant that a fluctuation 
minimum reaches the threshold but, inasmuch as 
the fluctuations vary critically with any change 
in the conditions of measurement, large random 
errors may be introduced in this way. When 
using a rectifier-filter having a cut-off frequency 
of 30 cycles or less there is no tendency for the 


EFFECT OF THE RECTIFIER FILTER 
ON THE DECAY CURVES 
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Fic. 12. Section of a family of decay curves showing an 
increasing lateral shift as the cut-off frequency of the 
rectifier-filter is lowered. The curves remain parallel. 


control relay to chatter and no apparent neces- 
sity for using a “‘trigger’’ circuit to control the 
electric timer. A secondary function of the 
rectifier-filter appears in connection with the 
operation of the automatic timing cycle. Since 
it is the sound pressure level at the microphone 
which controls the loudspeaker cut-off it is 
necessary to avoid a situation in which the first 
fluctuation maximum of the growth transient is 
sufficient to cut off the speaker. The filter serves 
to smooth out the growth transient in exactly 
the same manner that it smooths out the decay 
transient and allows the automatic cycle to 
proceed as described above. 

An attempt was made to give a quantitative 
evaluation of the usefulness of the rectifier-filter 
by the same method’ that was used previously in 
connection with the warble tone. This involves an 
analytical method of fitting a ‘‘best’’ line to the 
experimental data and the computation of the 
average departure of the experimental points 
from this line. This analysis was carried out for 
the same set of curves that were discussed above, 
and it develops that the average departure from 
linearity of the points of these curves is of the 
same order of magnitude as the average random 
timing error. For example the average, for this 
set of curves, of the average departure from 
linearity is only 27 percent higher than the 
average random timing error for the same datum 


7 Hunt, J. Acous. Soc. Am. 5, 127 (1933). 
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REVERBERATION 


points. There is no appreciable correlation on 
individual curves between the average departure 
and either timing error or cut-off frequency 
although the latter was varied from 1.7 to 49 
cvcles. Examination of the individual decay 
curves suggests that the residual departures from 
linearity, not to be accounted for by the timing 
error, take the form of long-period deviation 
patterns which could not be expected to disap- 
pear for the filter cut-off frequencies employed. 
Since it is known that these long-period devia- 
tions vary from point to point in the sound 
chamber it appears that this effect can be 
completely eliminated by making observations 
for several microphone positions. Although any 
filter cut-off frequency below 50 cycles appears 
to accomplish this smoothing action at the test 
frequency used in these measurements,* we have 
chosen 6 cycles as a satisfactory compromise 
between allowable envelope delay time and 
maximum smoothing action. 

We may now draw the following conclusions 
based upon these measurements. Forty obser- 


8 1000 cycles. The test chamber then has the approximate 
dimensions 10 X10 14 wave-lengths. 
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vations should be made for each point of the 
decay curve, preferably recorded as one group 
of ten observations at each of four microphone 
positions. When a suitable rectifier-filter is 
employed in conjunction with the warble tone 
it is unnecessary to resort to additional experi- 
mental artifices (e.g., rotating vanes) for the 
purpose of securing smooth decay curves. Under 
these conditions we may expect the average 
departure of the experimental points from the 
smooth curve drawn through them, including 
ordered deviation patterns as well as random 
timing errors, not to exceed 10 milliseconds. 
This precision appears to be adequate for the 
present requirements on reverberation meas- 
urements. 
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Filtration of Elastic Waves in Solid Rods with Membranes as Side Branches 
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This paper considers theoretically the propagation of 
compressional and torsional waves in solid rods having 
membranes as side branches. An infinite cylindrical rod is 
loaded at equal intervals with flexible circular membranes 
attached at their outer edges to the inside of a circular 
cylinder (see Fig. 1). The assumption that longitudinal 
waves in the rod set up symmetrical transverse waves in 
the membranes leads to the conclusion that the structure is 
a high-pass compressional wave filter. The limiting case of 
an infinitely rigid membrane is also investigated. There is 


next considered the case of torsional waves in the rod 
giving rise to radial torsional waves in the attached 
membranes which now may be treated either as flexible or 
rigid diaphragms. When the latter are rigidly clamped at 
their outer edges, the structure is found to be a high-pass 
torsional wave filter. When the diaphragms are free at the 
outer edges, a Jow-pass filter results. The transmission 
characteristics are given for each case along with numerical 
illustrations. 





N a number of recent papers examples! of the 
filtration of elastic waves in solid rods and 
other media have been studied theoretically. It 
is the purpose of the present article to present the 
results of calculations on some new types of solid 
filters in which the side branches are membranes. 


I. FILTRATION OF COMPRESSIONAL WAVES IN A 
SoLip Rop WITH MEMBRANES AS 
SIDE BRANCHES 


An infinite cylindrical metal rod RR’, of 
radius 7; and cross sectional area S (see Fig. 1) is 
loaded at equal intervals of length 2/ with 
flexible circular membranes (M, M’, etc.) of 
radius 72 attached at their outer edges to the 
inside of the rigidly mounted circular cylinder 
CC’. The membranes are each stretched with 
uniform surface tension rt» between rod and 
cylinder. Using the notation of the papers cited 
we denote quantities at the middle of each section 
(i.e., between each pair of branches) by the 
subscripts 1, 2, 3---, while the subscripts 12 and 
21 refer to quantities immediately to the left and 
immediately to the right of the first membrane, 
respectively, etc. 


3 





Fic. 1. 


1R. B. Lindsay and F. E. White, J. Acous. Soc. Am. 4, 
155 (1932); R. B. Lindsay, C. R. Lewisand R. D. Albright, 
J. Acous. Soc. Am. 5, 202 (1934); R. B. Lindsay, J. Acous. 
Soc. Am. 5, 196 (1934). 
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We suppose harmonic compressional plane 
waves of frequency w/27 to travel in the rod 
(assumed to lie along the x axis) and write the 
volume current X =.Sé (é is the particle displace- 
ment velocity in the wave motion) and excess 
stress 7’, respectively, at any point distant x 
from a chosen origin at time ¢ in terms of the 
corresponding quantities Xe! and Tye"! at the 
origin, as follows? 


X =[X1 cos kx +i7)/Z-sin kx Je‘, 


(1) 
T=[T cos kx +iX,Z:-sin kx Je. 


Here k=w/c, where c=velocity of the longi- 
tudinal wave in the solid rod=(Y/po)', Y being 
Young’s modulus and po the mean equilibrium 
density of the rod. The quantity Z=poc/S is the 
acoustic resistance for a plane progressive wave 
with wave front S. Irreversible dissipation is 
neglected. 

As usual the problem is to compare X,,,, and 
X,, where X, is the volume current halfway 
between the (7—1)st and mth loads. The bound- 
ary conditions are: 


f12=m1 = &a1, (2) 

ST yo — 2247173 = ST 21. (3) 

Here 7 denotes the normal displacement velocity 
of the membrane and 7; is its value at the 
periphery of the solid rod. Similarly 7 denotes the 


normal component of the surface tension in the 
membrane and 7; is its value at the periphery of 


the rod. We define Z’ = —7/n as the membrane 
impedance analogously to Z = — 7/X, the imped- 


2 cf. Lindsay and White, reference 1. 
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ance in the rod. The use of these boundary measured from the axis of the solid rod and 
conditions finally leads to? k’=w/c', with c’=(ro/po’)!=velocity of the 
transverse wave in the membrane. Here py’ is the 
mean equilibrium membrane surface density. 
where cos W=cos 2k/+72Z,'/r,SZ-sin 22l. (5) The complete solution of (7) is in the form 


Xai =X,e°*, (4) 


Z,' is the membrane impedance at the periphery n=[AJo(k'r) + BK o(k'r) Jet, (8) 
of the rod. The transmission regions for the 
compressional waves in the rod are those for 


which 


Jo(k’r) and K,(k’r) being respectively the zero- 
order Bessel functions of first and second kind 
with argument k’r. To get the impedance Z’, we 
need +, the normal component of the membrane 
In order to evaluate cos W asa function of the tension. This is given by 


+12 cos W2 —1. (6) 


in the present calculations that the longitudinal 7 =r9(dn/dr). (9) 


waves in the rod set up in each membrane Using the properties of the Bessel functions we 
symmetrical harmonic transverse waves whose finally obtain for Z,’, the membrane impedance 
space dependence is given by the following at the periphery of the rod, in terms of Z,’, the 


equation for the normal displacement 7: impedance at the outer boundary of the mem- 
d?n/dr?+(1/r)(dn/dr) +k’’n =0, (7) brane where it is attached to the cylinder 

where 7 is the radial distance in the membrane Zi =(aZ,'+b)/(cZ,'+d), (10) 

where a= K,(k’r, )J o(k’ re) = J \(k'r; )\Ko(R're), 


b= (ik' ro ‘w) [Ky (k’r1) Ji (R' re) —Ji(k'r,)Ki(k're) |, 
C= (tw/k’r9)[ Ko(k’r1) Jo(R'r2) — Jo(k’r:)Ko(k’re) |, 
d= Jo(k'r;)Ki(k're) — Ko(k’r3)Ji(R're). 


(11) 


J\(k'r) and K,(k’r) are the first-order Bessel functions of first and second kind, respectively. The 
knowledge of Z.’ thus makes possible on substitution from (10) into (5) the evaluation of cos W and 
the filtration characteristics of the structure. . 
Since it is assumed that the membranes are rigidly clamped at their periphery we have Z,’= « and 
hence 
Z; =a/c. (12) 
cos W then reduces to the form 





pyc’ “Ky (k'r1)Jo(R' re) — K(k’ re) J, (k'r1) 
- | sin 2k. (13) 


cos W=cos 2kil-+-—— —- 
r pot K o(k’r1) Jo(R' ro) — Kok’ re) Jo( R11) 


The nature of the filter, ie., whether high-pass or low-pass, can be ascertained by an examination of 
the limiting value of the second term on the right as w—0. Making use of the well-known expansions 
for Bessel functions, we have 


lim 


aw 


“K 1(R’r1)Jo(R'r2) — K(k’ re) Ji (R'11) 
| — - | sin 2k] = 2Ic’/(ric log re/r1). (14) 
K (k’r1) J o(R' re) — Ko(k' re) Jo(R'11) - 


Since the limit is a positive quantity, it follows that cos W>1 for #w=0 and therefore the structure 
under consideration is a high-pass filter. The characteristic impedance of this structure, i.e., —7,/Xn 
=Z)=constant for all n, is given by 


Zo=Z(1—(iZy'/r)SZ) cot kl)!/(1+(éZ1'/r1SZ) tan kl)}. (15) 
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This is the impedance with which it is necessary to match a finite filter terminated halfway between 
two successive branches in order that it may act as an infinite filter. For a given structure it is, of 
course, a function of the frequency. It is readily shown that Zo is a pure imaginary quantity in the 
initial attenuation region. It becomes zero at the beginning of the first transmission region and grows 
to infinity at the end of this region. 

Before passing to actual physical examples, we may find it of interest to examine the limiting case 
of an infinitely rigid membrane which if it moves at all must move as a whole. By freeing the mem- 
brane at its outer periphery we enable it to move in response to the waves in the solid rod. Then 





Z2'=0 and the membrane impedance at the rod becomes 


Z\ =b/d (16) 


with the corresponding value of cos W 


poc’ K(k’r1) J \(R' re) — J (Rr) K (R’ re) 
r pot K (k’r1) J (R' re) — Jol Rk’) K (Re) 


cos W=cos 2k/+ 


If the membrane is infinitely rigid t»>— » and we 
must find the value of cos W in (17) subject to 
this restriction. After reduction we get in this 
case 


, 9 9 

wpo (12° — 11") 
cos W=cos 2k/—-— - 
2pocr:? 


sin 2k/. (18) 


Since 7(7r.2—71;") is the area of the membrane and 
po is the surface density, while 77,7 =S=area of 
cross section of the rod, (18) may be written 


cos W=cos 2kl— (wm /2.S°Z) sin 2k/, (19) 


where m is the mass of the load and Z=poc/S. 
This is precisely the result obtained previously* 
for the case of a rod loaded at equal intervals 
with masses assumed to move as a whole. This 
provides an interesting check on the present 
calculations. 

A physical illustration would be provided by 
the case of a hard rubber rod 0.5 cm in diameter 
with density 1.3 grams/cm* and c=1.3X10! 
cm/sec. The side branches are rubber membranes 
4 cm in diameter with surface density 0.017 
gram/cm? and c’=6.4X10* cm/sec. stretched 
with tension 7X105 dynes/cm. The section 
length 2/ is taken to be 2 cm. The plot of cos Was 
a function of frequency reveals that from »=0 to 
v=320cycles, |cos W >1. Hence there is attenu- 
ation in this interval. This is succeeded by a 
transmission band from 300 cycles to approxi- 
mately 3500 cycles. 

In the case of a steel rod (7;=0.25 cm, po=7.6 
g/cm? with c=5X10° cm/sec.) with branches in 


3 cf. Lindsay and White, reference 1, p. 158. 


sin 2kl. (17) 


the form of leather diaphragms (po’ =0.2 g/cm* 
and r2=2cem with c’ = 1.3 X104 cm/sec.) stretched 
with surface tension 3.44107 dynes/cm, and 
with /=1 cm, the attenuation region extends 
from v=0 to v=900 cycles. 

Finally in the case of a steel rod of the same 
dimensions as above and with steel diaphragms 
with po’ =0.038 gram/cm? and surface tension 
5X10? dynes/cm for /=1 cm, the attenuation 
band extends to 1120 cycles. Transmission there- 
after occurs to beyond 50,000 cycles. Other 
things remaining the same the effect of increasing 
1 to 2 cm is to cut the transition frequency to 800 
cycles. An increase in section length appears in 
general to be associated with a decrease in the 
transition frequency between the attenuation 
and transmission bands. The use of material of 
smaller density (e.g., aluminum) in the rod, other 
things remaining equal, leads to a higher tran- 
sition frequency. It also develops that an increase 
in the tension 7» tends to increase the transition 
frequency. 

Fig. 2 gives a plot of the variation of the cut-off 
frequency with the section length (other param- 
eters remaining unvaried) for the case of the 
longitudinal filter mentioned above using a steel 
rod with leather diaphragms. 


II. FILTRATION OF TORSIONAL WAVES IN A 
Sotip Rop witH MEMBRANES AND 
DIAPHRAGMS AS SIDE BRANCHES 


Referring again to Fig. 1, we shall now suppose 
that torsional waves travel in the solid rod. If 
D(x, t) denotes the tangential displacement of 
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the rod at time fat distance x from the origin, we 
may write the torsional wave equation in’ the 
form, 


poD= pO? D /dx*, (20) 


if w is the rigidity or shear modulus of the rod. 
D=r,6 where @ is the twist. If harmonic waves of 
frequency w/ 27 travel in the rod, we can express 
D and L (the torque per unit area) as functions 
of x and ¢ in terms of the corresponding quanti- 
ties D,e'*t and Ly,e*! at the origin as follows:' 


D= [Dy cos kx+(27L1/ripoc) sin kx Je‘', 


(21) 
L=[Li cos kv+(iripocD;/2) sin kx Je. 


We recall that 
2 = (ryu/2)(dD/dx), (22) 


and here c=(u/po)?. The torsional wave imped- 
ance is defined as 


Z=-L/D, 


which for a plane progressive wave in the rod 
appears as 7 ,poC/ 2. 

We shall use 6 to denote the torsional displace- 
ment in the membrane and A to denote the 
torque per unit area for the membrane. It must 
be emphasized that the unit area here considered 
is perpendicular to the plane of the membrane, 
i.e., is given by multiplying the thickness of the 
membrane by a length in the plane of the 
membrane equal to the reciprocal of the thick- 
ness. The torsional membrane impedance will 


‘cf. Lindsay, reference 1, p. 196 ff. 
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then be defined as Z’ -A/é. If we use the same 
subscript notation as in Part I, the boundary 
conditions become 
Dy2=61=D a, 
(23) 


mwry"Lye—2aryhay mr ;*Lo}. 


In these equations / denotes the thickness of the 
membrane while A, is the torque per unit area 
for the membrane at the periphery of the rod. 
5, is the torsional displacement velocity of the 
membrane at r=, i.e., the periphery of the rod. 
Proceeding precisely as in Part I, we are led to a 
comparison of D for the (n+1)st and nth 


sections, as follows 


Dui i=D,e-'*, (24) 
with 


cos W=cos 2k1+(thZ,'/r;Z) sin 2kl, (25) 


where Z=r,poc/2 and Z,' is the torsional mem- 
brane impedance at the periphery of the rod. 
The finding of the filtration characteristics of the 
rod will then depend on the evaluation of Z,’ in 
terms of the dimensions of the membrane 
branches and the frequency. 

It is assumed that the torsional waves in the 
rod give rise to a kind of radial torsional wave in 
each membrane with tangential displacement 6. 
The equation of this may be obtained most 
simply by considering the motion of a ring of the 
membrane of inner radius 7, width dr and thick- 
ness h (the thickness of the membrane). The 
restoring force per unit area on the inner side, if 
uw’ is the shear modulus of the membrane ma- 
terial, is 

u’ (di /dr—s/r), (26) 


and the total force on the inner side 
2rrhp' (di /dr—5/r), 
corresponding to torque about the central axis 
2rrr-hy' (di ‘dr—sé r), 


on the inner side and on the outer side 


dé 36 d dé 6 
dry’ ( = ) + 2nhw °( - ) Ir. 
dr r d dr r 


The net restoring torque on the ring is therefore 


dehy’ d*5 dr°+rds, dr—5 ldr. (27) 
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This must be equated to the product of the using the fundamental elastic equations of 
moment of inertia of the ring and its angular motion for an isotropic solid and specializing 
acceleration. The final equation of motion then is them to satisfy the present problem. 
i The complete solution of (29) for the tangential 
Cd 25 / Jy? |» / — 5 /y2 d 2 P : i . ° 
po'd=n'[d°6/dr?+ (1/r)(d5/dr)— 3/7]. (28) displacement in the membrane is given in the 


For harmonic waves with frequency w/2m7 this form 








becomes 6=[AJ,(k’r) + BK, (k’r) Je. (30) 
d?6 /dr?+(1/r)(d5/dr)+5(k” —1/r?)=0, (29) From the torque per unit area, viz., 
with k’=w/c’ and c’=(p'/po’)'=the velocity of A=p'r[dé/dr—6/r], (31) 
torsional waves in an elastic medium of shear the membrane impedance at the periphery of the 
modulus yp’ and mean density po’. rod becomes 
It may be remarked that the result (29) can 
also be obtained in _ straightforward fashion by Z1' = —Ai/b1=(a2Z2'+b)/(cZ2'+d), (32) 
where now a= K2(k'r;)J1(R're) — Jo(k'r;)K,(R're), 


b= (tk'u're/w)[Ko(k’r:) Jo(k’ 12) — Jo(k’r1)Ko(k’re) |, 
c= (iw /k’ m’rs)[ Ky (R’ ri)J (R’ ro) — J, (k'r;)Ky(k're) |, 
d= (ra/r3)LTu(h'rs) Kalra) — Ku(b'ry) Jul b're) 


(33) 


J2(k'r) and K.(k’r) are the second-order Bessel functions of first and second kind, respectively. 
We first consider the case in which the membrane or diaphragm is rigidly clamped at its outer 
periphery, i.e., Z2’= ». This yields 
Zi =a/c. (34) 


The second-order — functions in this expression can be reduced by the formulas J2(z) = (2/z)J1(z) 
—Jo(z) and Ke(z) =(2/z)K,(s) —Ko(z). On substitution into (25) we finally have the transmission 
through the structure characterized by 

| 2 Jolk’r:)Ki(k’re) —Ko(k’ ri)Ji (k’re) 


cos W=cos 2kl+———] ——+— |sin 2kI. (35) 
1 poc k'r, K(k'r;) Filles) ~ Jie NEA (k're) 


As in Part I we can investigate the fundamental characteristics of the structure by evaluating 
cos W for »=0. After some manipulation it is found that 








J o(k’ ri) Ki(k're) — Ko(k'r1) J (R' re) 4c'lr, 
lim ——-sin 2k] =—-———_-. (36) 
#9 Ki (k’r1)J4( (br) — J ( (’r;) K(k're) C(%o” — 73") 
2hpo'c’P Alc’ 4c’lr, 
Hence lim cos W=1+ {= +—_——- | (37) 
me TY 1poc c(r2? — 1”) 


It follows that the structure behaves as a high-pass filter. 
It may be remarked that the membranes being considered here need not be perfectly flexible. 
They can perfectly well be plates. 
We shall next consider the case where the diaphragms are free at their periphery. Then Z.2’=0, and 
we get 
Z,' =b/d, (38) 


whence the transmission characteristics are governed by 
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Zz Ko(k'r1) Jo(k’re) — (2 k'ro) Ji (R'r2) |— Jo(k'r1) _Ko(k’ re) — (2 /R'ro) K(k’ re) | 


aes “| sim 2k (39) 


7 7 , ry , ' /Lf , ‘4 1" , ; , / ’ : , 
k’ry Kilk ri)LJo(k ro) — (2, k ro) J i(k re) |—Ji(k ri) Ko(k re) —(2, k ro) K(k re) | 


Examination of this expression shows that 


lim cos W=1. (40) 


w I 


Hence the structure in this case acts as a low-pass filter. 
Calculation indicates that the characteristic impedance for the type of structure considered in this 


section has the form 


Zo=Z(1—(thZ,'/r,Z) cot kl)? /(A+(thZ,'/r,Z) tan kR/)?. 


Before proceeding to numerical illustrations, 
it is of interest again to consider the relation 
between the structure with free diaphragms as 
branches and the simple torsional filter studied 
previously by Lindsay.' We examine (39) under 
the condition that the rigidity becomes infinite, 
i.e., p’— 2%. Again employing the properties of 
the Bessel functions, it is found that 


2hwpy' ryt—re' E 
lim cos W =cos 2k/-4+-——— ( - )sin 2kl. (41) 
p’00 poc 4r,! 


However, the moment of inertia of the diaphragm 
about the axis of the rod is 


I =}po th(re*—r;'), 
while S=7zr,?. Therefore (41) reduces to 
cos W=cos 2kl —(wI/pocSr;?) sin 2kl. (42) 


This is the characteristic expression for the case 
of the torsional filter discussed by Lindsay in 
which the solid rod is loaded with disks which 
move as a whole when a torsional wave travels 
along the rod. 

Numerical illustrations of the structures con- 
sidered in this section are the following. Take the 
case of a steel rod (pp=7.6 g/cm’, 7,=0.25 cm) 
with clamped steel diaphragms as side branches 
where the latter have r2=2 cm, c’=(u'/po’)} 
= 3.210 cm/sec. and h=0.005 cm. If /=1 cm, 
Eq. (35) leads to an attenuation band for 
torsional waves in the rod extending from v=0 to 
v=28,000 cycles (approximately). The increase 
in 7 to 10 cm reduces the band to about 7700 


TORSIONAL FILTER 
STEEL ROD AND DIAPHRAGM 
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Fic. 3. (The frequency values along the axis of abscissas 
should be multiplied by ten.) 


cycles with another attenuation region setting in 
at around 13,600 cycles. 

When the branch diaphragms are free, Eq. 
(39) must be used and here a low-pass filter 
results. With the data given immediately above 
and /=1 cm, the initial transmission band is cut 
off at approximately 8500 cycles, the ensuing 
attenuation band extending to 29,000 cycles. 
When /7 is increased to 10 cm, everything else 
remaining the same, the cut-off frequency be- 
comes approximately 6000 cycles, and the 
following attenuation band extends to about 
11,500 cycles. 

Fig. 3 presents the plot of cos W as a function 
of frequency for the torsional wave filter under 
the various arrangements just discussed. The 
curves are self-explanatory. 
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A Compound Horn Loudspeaker 


HARRY F. OLSON AND FRANK Massa, RCA Manufacturing Company, Camden, N. J. 
(Received March 2, 1936) 


A new type of loudspeaker is described in which a single mechanism is coupled to two horns: 
a straight axis high frequency horn and a folded low frequency horn. A theoretical analysis of 
the combined system is given and experimental data are shown which indicate smooth uniform 
response from 50 to 9000 cycles, and an efficiency of the order of 50 percent over a large portion 


of this range. 





INTRODUCTION 


pas advantages of horn type loudspeakers 
over the direct radiator flat baffle type are, 
in general, well recognized. In spite of the 
inherent advantages of a horn type loudspeaker, 
it has not found as widespread an application as 
would be expected, primarily because of the 
awkward bulk that a horn presents. To circum- 
vent the objections introduced by a straight axis 
horn, the first natural attempt was to coil the 
horn into some convenient shape. It is known, 
however, that this procedure is accompanied by a 
loss of high frequencies depending on the amount 
of destructive interference incurred by folding. 
Since the length of a horn must increase as the 
frequency limit of reproduction decreases, it 
becomes obvious that a long horn can be folded 
if it is to be used to reproduce only the lower end 
of the frequency spectrum and the higher fre- 
quencies can be reproduced through a straight 
axis short horn. A combination of low frequency 
folded horns and high frequency straight horns 
has already been successfully employed in 
theater equipment, each horn requiring a sepa- 
rate driving mechanism. 

It is the purpose of this paper to describe what 
is termed a compound horn loudspeaker con- 
sisting of a single mechanism with one side of the 
diaphragm coupled to a short straight axis horn 
and the other side coupled to a long folded horn 
whose mouth terminates in an annular opening 
surrounding the high frequency horn. This com- 
pound horn has the advantage that only a single 
mechanism is required to feed the two horns and 
also that both horns are built into a single 
compact unit. 
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THEORY! 


The most popular horns for the production of 
sound are the conical and exponential, both of 
which will be described briefly. 

A horn in which the flaring is given by 


= (So/X 0?) X?, (1) 


where Sp is the throat area at X) and S the area at 
any distance X 
conical horn. 


along the axis, is termed a 


A horn in which the flaring is given by 
S= Soe™* (2) 


is termed an exponential horn (m is known as the 
flaring constant). 

There are a large number of significant differ- 
ences between conical and exponential horns. 
The fundamental difference is the shape of the 
throat resistance characteristic. 

The throat acoustic resistance of an infinite 
conical horn is given by 


r= (pc So) R?X 7 (1 +k*X 0), (3) 


/ 


where p=density of air, c=velocity of sound, 
k=27r/dX, \=wave-length. The other 


have been defined above. 


quantities 


The throat acoustic resistance of an infinite 
exponential horn is given by 


r= (pc/So)(1—m?/4k?)}, (4) 


where m is the flaring constant. 

Fig. 1 shows the resistance characteristic of an 
infinite conical and exponential horn. It will be 
seen that the exponential horn has a definite cut- 
off frequency above which the resistance increases 


1 For a detailed analysis of various shapes of horns as well 
as a complete bibliography relating to horns, see Olson and 
Massa, Applied Acoustics (Blakiston, Philadelphia), pp. 
43 to 49 and 181 to 197. 
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Fic. 1. Throat acoustic resistance of infinite horns. 
A. Exponential. B. Conical. 


rapidly and becomes constant. For frequencies 
below 2w=mc, the horn transmits nothing. In 
other words the infinite exponential horn behaves 
as a high pass filter. The definite cut-off of the 
exponential horn has been found to be useful in 
obtaining uniform response in the overlap region 
of the low and high frequency horns of the 
compound horn. 

The above conclusions are somewhat altered 
by the substitution of finite for the infinite horns. 
The difference will depend upon the discrepancy 
between the surge impedance of the horn at the 
point of introduction of the mouth and the 
mouth impedance looking outward. 

The throat acoustic impedance of a finite 
exponential horn is given by 


pc Z2 cos (bl—6)+7(pc/ Se) sin (db!) 
A= -, (9) 
Si jZe sin (b/)+(pc/Se2) cos (b1+0) 


6=tan-! (a/b), 


where a=—m/2, b=}(4k?—m? =length of 
horn, Z2=mouth acoustic ed of horn. 

In theoretical considerations of exponential 
horns there is always some question as to the 
nature of the mouth impedance. In the case of 
the compound horn which we will consider, this 
is fairly easily solved. The large horn is suffi- 
ciently close to the floor to consider the solid 
angle into which it feeds to be 27. The small horn 
is surrounded by a baffle and its mouth then 
feeds into a solid angle of 27. 

Under these conditions the resistive component 
of the mouth acoustic impedance is 


ro = (pc/mR*)(1—Ji(2RR)/RR). (6) 
The reactive component is 


X2= (pc/mR?)(Ky(2RR)/2k*R*), (7) 
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where R=(S2/z)', J; and K, are Bessel func- 
tions. The acoustic impedance Z, for the mouth 
of the horn is 


Z2=%2+jX2. (8) 


The choice of the throat dimensions to obtain 
maximum efficiency with an exponential horn 
depends on the mass of the cone and voice coil 
and the area of the cone. This may be illustrated 
by considering a cone of mass m coupled to 
throat of acoustic resistance 74. 

The motional resistance of this system is 


r.v=real part of (Bl)?/Zy abohms, (9) 


where Z yy =raA2+jom = (42/A 7)AZ2+juom 
A,=area of cone in square centimeters, 
Ar =area of throat, 
m=mass of cone and coil in grams, 
B = flux density, 
1=length of the wire in the voice coil, 
=2nf, 


f=frequency. 
The efficiency is 


E;s;=reu/( 


remt+Yea), (10) 


where r,.~=resistance of the voice coil in abohms. 

From the foregoing analysis it will be seen that 
in order to obtain maximum efficiency the surge 
throat resistance should be comparable to the 
reactance of the vibrating system. In view of 
the fact that the mechanical impedance of the 
vibrating system increases with frequency, a 
small throat should be used at the higher 
frequencies and a relatively large throat at the 
lower frequencies. If a small throat is used for 
the entire frequency band, the maximum pos- 
sible efficiency cannot be obtained at the lower 
frequencies because of the fact that the motional 
resistance reflected into the voice coil is reduced. 

In Fig. 2 are shown several theoretical eff- 
ciency curves which were calculated to show the 
improvement in high frequency efficiency re- 
sulting from the use of smaller throats. These 
curves were computed for a 5-inch diameter cone 
having 280 inches of wire in the voice coil. The 
total mass of cone and coil is 2.5 grams, the coil 
resistance is 7 ohms and the air-gap density is 
20,000 gauss. Assuming the cone to move as a 
piston, the efficiency was calculated for three 
cases, namely, feeding a horn having a 300 sq. cm 
throat. another with a throat of 50 sq. cm and 
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Fic. 2. Theoretical efficiency of a horn loudspeaker with 
various throat areas. A. 300 sq. cm; B. 50 sq. cm; C. 
15 sq. cm. 


finally feeding a horn with a throat area of 
15 sq. cm. 

From Fig. 2 it can be seen that there is a 
distinct advantage in the use of two horns—one 
with a small throat for the high frequency range 
and one with a relatively large throat for the low 
frequency range. It may be pointed out in passing 
that many high fidelity loudspeaker systems 
employing horns use two units, large throat for 
the low frequency range and small throat for the 
high frequency range. 

In addition to the advantage of obtaining 
higher over-all efficiency by the use of two horns 
—there are such additional advantages as: re- 
duction in harmonic distortion by keeping the 
working range near the cut-off of the horn; 
practically uniform directional characteristics 
due to mouth sizes more nearly comparable to 
the wave-length over the working range ; and the 
possibility of obtaining large low frequency 
power output with relatively small amplitudes 
of the cone. 


a b 


Ane F. 


MASSA 


A compound horn is a term which is used to 
designate a system of two horns coupled to a 
single diaphragm. In the compound horn the 
advantages of a two-horn system are preserved 
while employing only a single diaphragm or 
driving system 

Fig. 3(a) shows a cross-sectional view of a 
compound horn loudspeaker. Fig. 3(b) shows the 
equivalent system in straight axis horns. Fig, 
3(c) shows the equivalent electrical circuit of the 
acoustical system which in its simplest form 
consists of a dynamically driven cone M, a high 
frequency horn of impedance Z, at the throat, a 
low frequency horn of impedance Z, at the 
throat and an acoustic capacitance C. 

The throat acoustic impedance characteristics 
of a typical compound horn computed from Eq. 
(5) are shown in Fig. 4. 

It will be seen that below 330 cycles, the 
impedance of Z, both real and imaginary is zero 
and therefore there can be no dissipation in Z, 
below this frequency, which means that there 
can be no radiation from this horn below 330 
cycles. The low frequency horn Z, cuts off at 42 
cycles. This means that radiation will issue from 
Z, for all frequencies above 42 cycles provided 
energy is delivered to this horn. However, above 
330 cycles the dissipation from Z, must be 
transferred to Z. This is partially accomplished 
by choosing the surge impedance of Z» large 
compared to Z, and, further, by introducing an 
acoustic capacitance C. 

Going from the above word picture, the volume 
current in Z, is 


‘jC 
U»,=———_ : ~ tee 
jw M+Z»_ Z\ 
+ ( (jaoM+Z2)Z\+ : 
Jol Jol 





c 


Fic. 3. (a) Cross-sectional view of compound horn loudspeaker. (b) Equivalent of the compound 
horn loudspeaker showing the low frequency horn developed. (c) Equivalent electrical circuit of 


the dynamical system. 


Th 


TI 


mM oO Be 


a pe a a ee ee 


d to 
to a 

the 
rved 
1 or 


of a 
; the 
Fig. 
| the 
orm 
high 
it, a 
the 


stics 


Eq. 


the 
zero 
1 Zy 
here 
330 
t 42 
rom 
ided 
ove 

be 
shed 
urge 
r an 


ime 


gRG 


rs 


COMPOUND HORN 


The volume current in Z¢ is 


p(1/jwC+Z;) 


|, =——_ ——. (12) 
joM+Z. Z\ 
“ + (jwM+Z2)Z:+— 
Jol jJwC 


The dissipation or radiation of energy from Z, is 
P,=r,U¥. (13) 
The radiation of energy from Zz is 
P,=r,U? (14) 


where 7; and r2 are determined from Eq. (5) and 
plotted in Fig. 4 for a specific system of horns. 

It will be noted that the impedance charac- 
teristic of Z; is nonuniform. However, it is 
interesting that with such wide variations in 
impedance characteristic, the maximum varia- 
tion in energy output is 3 db. This is verified by 
measurements. 

In the design of the compound horn, care 
should be taken that the phase of the volume 
currents issuing from the two horns is the same 


TO COA, CO 
TiN NOY Me 
PrN CLT 
Mob tros 
/ 1 | 1 bate 
Te PPTL 


295 1000 10000 
FREQUENCY IN CYCLES 















8 


Fic. 4. Impedance characteristics of a compound horn. 
A. Throat acoustic resistance of low frequency section. 
B. Throat acoustic reactance of low frequency section. 
C. Throat acoustic resistance of high frequency section. 
D. Throat acoustic reactance of high frequency section. 





Fic. 5. A compound horn loudspeaker with an acoustic 
filter for causing a sharp cut-off of the low frequency horn. 
In the equivalent electrical circuit: Z2, throat impedance of 
high frequency horn; M., inertance of cone; C), capacitance 
of cavity behind cone; M,, inertance of first hole behind 
cone; C2, capacitance of volume between the holes; Ms, 
inertance of second hole; Z;, throat impedance of low 
frequency horn. 
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in the overlap region. This can be determined by 
a consideration of the expressions for the volume 
current at the mouths. See Eq. (5). 

If further attenuation of the high frequency 
output of the low frequency horn above the 
overlap frequency is desired, an acoustic filter 
can be employed as shown in Fig. 5. If in Fig. 5, 
M.=M2=3M,=M and if C;}=C2=C, then the 
cut-off frequency is 


f=1/w(MC)?. (15) 


CONSTRUCTION 


The general construction of the compound 
horn loudspeaker is shown in Fig. 7. This 
construction results in a compact structure in 
which the entire volume is used for the loud- 
speaker. For the high frequency horn two types 
have been employed, namely the conical and 
exponential. The exponential yields smoother 
response and a definite low frequency cut-off. 
For the low frequency horn there are three 
possibilities shown in Figs. 6(a), (b), (c). In Fig. 
6(a) is shown a true exponential horn of the 
folded type. Fig. 6(b) shows a first approxi- 
mation employing a series of conical sections of 
different rates of flare and having a logarithmic 
flare expansion from section to section. Fig. 6(c) 
shows a second approximation employing straight 
cylindrical sections having logarithmic area ex- 
pansion from section to section. Comparisons 
between the three types and a straight axis 


(a) > 
(b) _ 


«) 


ell 


Fic. 6. (a) Constructional detail of a folded horn to give 
a true exponential flare. (b) Constructional detail of a 
folded horn which results in a series of conical flares that 
approximate an exponential flare. (c) Constructional detail 
of a folded horn which results in a series of abrupt changes 
in area whose average rate of change is an exponential 
curve. 
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Fic. 7. Cut-away photograph of a compound horn 
loudspeaker. 


exponential horn indicated very little difference 
below 300 cycles. In this range the wave-length 
is several times the length of each section and no 
deviation would be expected. Note that the cross 
section may be either square, rectangular or 
round, etc. The parameters referred to above are 
the area and the rate of increase in area. 

A photograph of a compound horn loudspeaker 
employing an exponential high frequency horn 
and conical logarithmic expansion for the low 
frequency horn is shown in Fig. 7. 

One-quarter of the horn has been cut away to 
show the construction. In this horn all the 
sections are square rather than cylindrical. This 
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Fic. 8. Response-frequency characteristic of the com- 


pound horn shown in Fig. 7. Dotted curves show the 
response of the low and high frequency horns separately. 
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Fic. 9. Efficiency .of the compound horn loudspeaker 7 
shown in Fig. 7. Solid curve obtained by the three-volt- 
meter method. Dotted curve obtained by the impedance 


bridge method. ol 
m 

is of no consequence—the important factor is si 
the rate of area increase. to 
be 

CHARACTERISTICS tr 

The free space response frequency character- - 
istic of a 40X40X17 inch compound horn is : 
shown in Fig. 8. The dotted curves show the ‘ 
response of the low and high frequency sections ‘ 
separately. It will be seen that the response ¥ 
characteristic is quite smooth over the range h 
from 50 to 9000 cycles. \ 
The flux density in the mechanism was 20,000 ( 
gauss. The vibrating system consisted of a ‘ 
corrugated cone 5” in diameter which was driven ' 
by an aluminum voice coil. The use of a corru- , 
gated cone results in high efficiency at the higher ; 


frequencies because of the reduction of the 
effective mechanical impedance. The efficiency of 
this loudspeaker was measured by two methods, 
namely the three-voltmeter method and an 
impedance bridge. The results are shown in 
Fig. 9 and indicate high efficiency. A con- 
ventional cone loudspeaker in a flat baffle has an 
efficiency of from two to five percent. 


CONCLUSION 


This paper has given the analysis of the 
compound horn loudspeaker and has shown the 
conditions that must be satisfied in order to 
obtain satisfactory performance. Under favorable 
conditions compound horn loudspeakers may be 
built to give uniform response up to 10,000 cycles 
and as low as is desired on the other end of the 
spectrum. The low frequency cut-off is only 
limited by the size of the horn or the power 
handling requirements. This wide range repro- 
duction is obtained at efficiencies of the order of 
50 percent over the greater part of the frequency 
range. 
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The Theory of Sound Absorption of Porous Materials, Flexible and Nonflexible 


MICHAEL RETTINGER, University of California at Los Angeles 
(Received March 30, 1936) 


GENERAL 


HE purpose of this paper is twofold: firstly, 

to review and reconsider the development 
of the equations for the absorption of porous 
materials in the manner of including the flow- 
resistance of the porous material ; and, secondly, 
to draw such conclusions as may be warranted 
both from inspecting the derived equations and 
from comparing calculated results with experi- 
mental data. Also, several new equations are 
derived. 

No attempt is made in this paper to ascribe 
appropriate credit for every equation, except 
insofar as treatment of a particular phase of the 
work is concerned. It should be mentioned, 
however, that this theory is due mainly to 
Wintergerst,! Kiihl,?, Meyer,? Wiist,’ Gemant,‘ 
Cremer,® and to some extent also to the present 
writer.° The following treatment follows largely 
that of Cremer, although it is expanded, and the 
acoustic equations are based on analogous equa- 
tions as used in communication engineering. 


I. FUNDAMENTAL TERMS 


Since little of this theory has appeared in 
English, it may be well first to consider the four 
physical constants characterizing an acoustic 
material when the incidence of sound is normal 
to it. We have, thus, beside the thickness of the 
material, L, the constant termed porosity, desig- 
nated by P. Porosity may as a first approxima- 
tion be defined as the volume of air in the 
material divided by the total volume of the 
material. This is commonly referred to as volume 
porosity, or, sometimes, as the mean porosity of 
the material. If the material has equally sized 
channels running normal to the surface, the 


1E. Wintergerst, Schalltechnik 4, 85 (1931). 

?'V. Kiihl and E. Meyer, Sitzungsber. d. Preuss. Akad., 
Phys. math. KI. 26, (1932). 

*H. Wiist, Hochfreq: tech. u. Elek: akus. 34, 73 (1934). 

4A. Gemant, Sitzungsber. d. Preuss. Akad., Phys.-math. 
Kl. 17, (1933). 

5L. Cremer, E.N.T. 12, 333 (1935). 

°M. Rettinger, J. Acous. Soc. Am. 6, 188 (1935). 
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porosity, as a second approximation, may be 
defined as the perforated area of the surface 
divided by the total area of the surface. This 
can be designated as surface porosity, and makes 
for a valid term in the equations as long as the 
cross-sectional dimensions of the channels are 
small in comparison to the wave-length of the 
sound. The fundamental definition of porosity is 
given by the equation 


P=V,./Vi, (1) 


where V, represents the particle velocity of the 
air outside, and V;, that of the air inside of the 
material. 

The third constant is designated by m, and 
represents the amount of vibrating mass per 
cubic centimeter of the material. For porous, 
nonflexible materials m is equal to the density of 
air, mo. For porous flexible materials m becomes 
(apparently at least to some extent) a function of 
the density of the material itself, although not 
much has been done toward a quantitative 
experimental determination of this constant. 
Cremer’ inclines toward the belief that for the 
higher frequencies m can be taken as twice the 
density of air; Gemant,* in one paper, indicates 
that m is approximately one-fifth of the density 
of the porous flexible material. The writer doubts 
whether m can really be considered a constant in 
the case of flexible materials; more likely m is a 
function of both the frequency and intensity of 
the sound, and perhaps also of the thickness of 
the material. 

The fourth constant characterizing an acoustic 
material is termed flow-resistance, and is desig- 
nated by R. The units associated with this 
constant are ¢/(cm* sec.), to which Gemant has 
applied the term ohm. It is seen that it represents 
specific flow-resistance, or flow-resistance per 
unit thickness of the material. Fundamentally 
the flow-resistance is defined by 


—grad p=RVj, ( 


i) 
— 


7L. Cremer, reference 5, p. 340. 
’ A. Gemant, Physik. Zeits. 87, 42 (1934). 
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where grad p represents the pressure gradient, 


it being assumed that its value is observed only 


as long as a laminar flow exists through the 
material. 

Experimentally the value of the flow-resist- 
ance is determined by the equation 


R=PFWp/Lb., (3) 


where F represents the area of the material; LZ, 
its thickness ; W, the flow-resistance of a capillary 
tube, and where # and p, represent, respectively, 
the pressure difference at the two sides of the 
material and the two ends of the capillary tube 
when an air-flow is maintained through the 
system. 

The flow-resistance of the capillary is de- 
termined by the equation 


W=8L'u/zxr', (4) 


where L’ is the length, 7 the radius of the 
capillary tube, and u the viscosity of air 
(1.8-10-*). 

R must not be thought to be a function of the 
coefficient of friction of the material. This much 
can also be seen from the fact that W, which is the 
flow-resistance of the capillary used in compari- 
son against the flow-resistance of the material, is 
not a function of the coefficient of friction of the 
material of which the capillary is made. 

It is true that —grad p=RV;; concerns itself 
only with a direct flow of air in the material 
(analogously to the flow of a current through a 
resistance) ; however, in the case of sound, when 
the inertance of the air in the material begins to 
assume an important role, particularly for the 
higher frequencies, the above equation can be 
enlarged by adding the corresponding factor 
mo V ;/dt. 

Thus —grad p=RV;+mdV;/dl (5) 


or, when considering only the one-dimensional 
case and a sinusoidal progression of the flow 


—grad p=(R+i1wm)V; 


= —dp/dx. (6) 


II. ELECTRICAL EQUATIONS 


Consider the equations dealing with the 
propagation of electric potential and current 


RETTINGER 


Fic. 1. 


along a conductor of infinite length, as derived, 
for instance, by J. A. Fleming.® 
If V and J represent, respectively, the maxi- 
mum value of the potential and current; Zo, the 
inductance; ro, the resistance; C, the capacity, 
and x any distance along the circuit as shown in 
Fig. 1, the equations connecting V and J are 
given by 
—d0V/dx=(rotiwLo)l, (7) 
—91/dx=iwCV. (8) 


Eq. (8), here, neglects the leakage conductance 
along the circuit, as for the acoustical analog this 
is not important. 

Fleming also derives the line impedance for 
this circuit, which is given by 


Z" =(rotiwLo)'/(iwC)}. (9) 

Since Eq. (6) is similar to Eq. (7), and since for 
Eq. (8) we may write 

—dovV; [er = lwp/xopo ” (10) 


we can at once set down the equation for the 
acoustic impedance of the material 


Z' =(R+iwm)'/(iw/xopo)}, 


or, Since xXppo=C?my (c being the velocity of sound 
in air), and by considering only nonflexible 
materials 
Z' =(R+iwmy)?/(tw/c?mo)?, 
=moc(1—71R/wmy)}, 


= 41.5(1—7R/wmy)}. (12) 


In order to obtain an equation for the absorp- 
tion coefficient, a, we must reconsider the term 





9J. A. Fleming, The Principles of Electric Wave Teleg- 
raphy and Telephony (Longmans, Green & Co., London, 
1919), p. 265. 

10 C corresponds to 1/xopo in the acoustical case, where 
xo is the ratio of the specific heats and po is the mean at- 
mospheric pressure. In this connection see, for instance, 
H. F. Olson and F. Massa, Applied Acoustics (P. Blackis- 
ton’s Son & Co., Philadelphia, 1934), p. 20. 
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acoustic impedance, which is variously defined 
bv different authors, a current definition being 


Zz => p/X 
=u'+iq’, 


where B represents the rate of volume displace- 
ment; #’, the acoustic resistance; and q’, the 
acoustic reactance. This equation is valid only 
for points within the material, and cannot be 
directly employed in the calculation of the reflec- 
tion coefficient, b, in the equation a=1—b. X per- 
tains to the velocity within the material, while we 
are interested in the acoustic impedance directly 
in front of the wall. However, by employing the 
equation X = V;= V./P, we may write 


Z=2Z'/P 
=u+igq (13) 
= 41.5(1—iR/wmy)'/P. (13’) 


Equating (13) to (13’), and squaring, we get 
u?+ 2uiq—g? = (41.5)?(1 —iR/wmy) /P?. 
Equating real and imaginary terms and 
solving the resulting equations simultaneously, 
we get 
g@?= — (41.5)?L1 (1+ R?/w? my)? ]/2P*, (14) 
u=41.5{1—.5[14(1+ R?/w?m,?)*]}2/P. (15) 
Hence we may evaluate the absorption coeff- 
cient given by 
a=1—[(u—41.5)?+¢@ ]/[(u+-41.5)?+@]. (16) 


Attention must again be drawn to the fact 
that this equation is valid only for normal 
incidence and for a nonflexible material of con- 
siderable thickness (theoretically, of infinite 
thickness). 
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Figs. 2-4 represent the absorption character- 
istics of materials of different porosity and flow- 
resistance. 

It may be mentioned here that the above 
equation is readily deducible from the similar 
equation in the aforementioned paper of this 
writer dealing with the general case if we set 
Z,..2 equal to q?, and x to cmp. It was felt, 
however, that by presenting the derivation of the 
equation in the manner of Cremer a more lucid 
development is secured. 


II]. MATERIALS OF FINITE THICKNESS 


The propagation constant for the electric 
circuit under consideration is given by 
Y=A+ 7B 
= (r+iwLo)*(iwC)! 
= (R+iwmy)}(iw/c?mo)' (acoustical case) 
=ik(1—in)! (if R=w/c; n=R/wmyo). 


By squaring: 


A?+2iAB—B*= —k?+k’in, (17) 
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from which 
B? =k'n?/4A?. (18) 


Substituting (18) in (17) we get 


A=attenuation constant 


=k[—343(1+n)!}}. (19) 


Table I gives values of A (attenuation per unit 


TABLE I. 
Frequency A 
128 0.0328 
512 .0513 
2048 .0522 


length) for different frequencies. These values 
are based on a flow-resistance of 5 ohms, repre- 
senting the mean for three different ceramic 
tiles; my) was taken as (.0012 g/cm® and ¢ as 
34,400 cm/sec. 

Since the acoustic material was 3 cm thick, the 
total length of the path that the sound wave 
travels from surface to rigid backing wall and 
back to surface of material is 6 cm. This corre- 
sponds to an amplitude reduction of e~®4. Like- 
wise, if the material is 10 cm thick, the total 
amplitude reduction is given by e~*°. 

Table II gives the amplitude reduction for the 


TABLE II. 
Frequency eo e-20A 
128 0,821 0.519 
512 .734 .356 
2048 731 353 


different frequencies of Table I. 

This means that for, say 128 cycles per second, 
and a material 3 cm thick, the amplitude is 
reduced to 0.82 or 82 percent of its value at 
entrance. A very appreciable thickness, there- 
fore, would be necessary to reduce the amplitude 
tenfold, that is, e~*4=0.1. An amplitude reduc- 
tion of 82 percent does, of course, not mean that 
the reflection coefficient is 0.82, nor (0.82). The 
object of the foregoing calculation was to show 
that only when 1—e-*44>0.9, or e*44<0.1 (d 
represents the thickness) can we identify the 
absorption characteristic derived for the infi- 
nitely thick material with the absorption 
characteristic for the same material d cm thick. 

Indeed, if we let e~*44 =0.1, then 2dA = 1/logie 
= 2.3, or 


d=1.15/A. (20) 


RETTINGER 


At 128 cycles per second, when A =0.0328, d 
must be 35 cm to produce the amplitude reduc- 
tion of 10 decibels necessary to permit con- 
templation of the absorption characteristic for 
the infinitely thick material in view of learning 
from it the absorptionc haracteristic for the 35 
cm thick material. 

For low flow-resistances and high frequencies 
such a reduction is more easily achieved with a 
small thickness of material. Fig. 5 shows this 
relationship graphically. 
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To find the limiting thickness when the 
frequency becomes very high, let us rewrite 
Eq. (20): 


= 2'/kC—3+3(1+n")!]}, 
=2/e[—14 (14m?) 
Now let 


a’=1/c; b=R/m; u=b/w; y= Rd/2mc=a'db/2; 


y=u/L—-1+(14+ 4) ] 
or, if t=y”, 
t=u?/[—1+(14+ 2°) ]. 


Differentiating numerator and denominator, 
we get 


Lim ¢=Lim 2(1+ 47)! 


uO u—() 


=2. 


Therefore 


y?= t-2 
y— 2} 
d—2 . 2'cm/R —_ Ap 2'Zo ‘R 


(where Zy=41.5). (21) 
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For the very low frequencies, when u?>1, we 
get 
d—2/k(R/wm)? 
—2c(m/wR)*/ 


showing there is no low frequency limit, unless 
we let, for instance, 100 cycles per second be the 
limit frequency in ordinary acoustical work. This 
would give 


dio0> 100/R'; ds12>40/R?. 


This gives, respectively, 1000 and 200 ohms 
as the optimal flow-resistance for 1}’’ ceramic 
tile under consideration, showing that the ab- 
sorption for these tiles could be increased if the 
diameter of the pores were made smaller. 

For low values of flow-resistance and small 
thicknesses of material we must, therefore, em- 
ploy the general equations set up by the writer.° 
These equations are: 


Z,=x'ke (cosh 2ked+ cos 2gked) 
X(g sinh 2ked—sin 2gked)/Pw 
X (sinh? 2ked+sin? 2gked), 


Z.= —x'k2(cosh 2ked+cos 2gked) 
X (sinh 2ked+g sin 2gked)/Pw 
X (sinh? 2ked+sin? 2kegd), 
where 


2, = 41.5[(1+n?)!—1})/2P, 
ko=41.5[(1-+n2)}-+1}/25P, 
=k,/k2, 
x’=xpo, 

= 1.4)» (po =atmospheric pressure), 
d=thickness of material. 


n= R/wm, 


ve 


£ 


The absorption coefficient, a, as usual, is 
given by 


a=1—[(Z,—41.5)?+Z22]/[(Z:+41.5)2+Z2"}. 


Figs. 6-8 show calculated and experimentally 
obtained absorption coefficients of an acoustic 
tile called “‘Trutone.’’ The method used for ob- 
taining the absorption coefficients for normal 
incidence was the tube method described by E. C. 
Wente."' While there are noticeable differences 
between calculated and experimental results, 
it must be remembered that as yet we have not 
considered any other value for m than that of mo, 
that is, that of air. 


"E. C. Wente, Bell Sys. Tech. J. 7, 61 (1928). 
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So far we have considered m constant and 
have set it equal to the density of air, assuming 
that there occurs neither an increase in the density 
of the air in the material nor a vibration of the 
particles of which the material is made. As 
mentioned before, Cremer believes that any 
corrections made in the equations for an increase 
of the density of air in the material are not 
consequential, as at most such an increase can 
amount to 2m». Gemant apparently believes 
that this increase of the density of air can reach 
values as high as 8 and 16m, as he permitted 
entrance of such values in his calculations. 

To make for corrections due to an increase of 
m, the amount of vibrating mass within the 
material, Wintergerst assumes that the velocity 
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of a particle within the material is made up of 
two parts, namely, a term, Vy, comprising the 
velocity with which the mass, M, of the material 
vibrates; and a term, V,, representing the rela- 
tive velocity between air and material. The total 
velocity, V, of any particle within the material 
is then given by 


V=Vmu/P+V,. (22) 


The pressure gradient, therefore, effects both 
the acceleration of the mass of the material 


—dp/dx=iwM Vy (23) 
and the relative velocity 
—dp/ax=RV,. (24) 


(It. is implied here that both Vy and V, are 
complex terms.) 
From Eq. (23) 


Vur/P = —(0p/dx)/iwoMP. 
From Eq. (24) 
V,=—(0p/dx)/R. 
Adding : 
Vu/P+V,=V=-—(0p/dx)(R+iwMP)/ioMPR. 
From which we get 


—dp/dx=t1RwMPV/(R+iwMP) 
=RV/(1—ih) if h=R/wMP 
=[R/(1+h?)+iwMP/(1+1/h?)]V 
=GR+iwHM)V 

if we set G=1/(1+h?) and 7 =P/(1+1/h?). 


Or, finally 
—0p/dx =(R’+iwM’) V, ( 


bo 
wn 
—— 


note R’ = F(w) where 


R’ = Ro* M?P?/(w? M?P?+ R?) 
M’ = MPR?*/(w*M?P?+ R?). 
As Eq. (25) is of the form of Eq. (6) we should 


be able to obtain an equation similar to Eq. (11) 
for the acoustic impedance of the material. 


Thus 


Z' =((R’+iwM’)emy/iw |} 
=[cm)MRP(R—iwMP)/(R?+w?M?P?) }}. 


Since Z=Z'/P as before, we get 
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Fic. 9. The upper curve is for R= 10, the lower for R = 200, 


Z=[(CmoMPR(R—iwMP)/ 
(R?+w?M?P?) }}/P (26) 


=u+1q. (27) 
Equating (26) to (27), and squaring, we get 


u?+2iug—g? =CmoM PR?/P?(R?+*?M?P?) 
—ic?myM?RP?/P?(R?+?M?P?*). 


Equating real imaginary terms, and solving 
the resulting equations we get 


/ 
/ 


g=Cm MR —R+(R?+0°?M?P*)?* | 
2P(R?+°?M?*P*), 


u={CmyMRLR+(R?+0°M2P2)!]/ 
2P(R2-+?M?2P2)} 3, 


Fig. 9 shows the absorption characteristics 
when R=10 and R= 200, and it is seen that the 
low frequency absorption is greater when using 
the above equations for g and u than when using 
the equations in the first part of this paper. 
Clearly, these curves pertain to materials of 
considerable thickness, but not of infinite thick- 
ness, as we cannot evaluate M for infinite thick- 
ness. Inspecting the equations more closely, we 
see at once that the absorption coefficient is little 
dependent on the density of the material when it 
is very thick, and as long as we remain within 
the audible range of frequencies (20 to 20,000 
cycles per second). We may say, therefore, that 
only when R is very large (of the order of w), or 
when JM is very small, does the absorption 
coefficient become dependent on the density of 
the material. A typical case where / influences 
the absorption coefficient would be that of 
loosely packed cotton or rockwool (having a 
density of the order of 0.04 g/cm’). For all other 
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cases g? and u can be reduced to 


g=CmoR/2P*w, 
u=(CmoR/2P?w)', 


which are surprisingly simple equations, and 
show at once that the absorption coefficient is 
not dependent on M. They can be further 
simplified to 

g?=713,800R/P*w, 

u = (R/w)*845/P 


=4, 


so that the absorption coefficient can be calcu- 
lated by 
a=83q/(¢?+41.5¢+ 864.5). (28) 


It must be borne in mind, of course, that Eq. 
(28) is not a general equation, but applies only 
to the above-mentioned restrictions (R<w; 
M>1). 

Keeping the more general equations in mind, 
we may now proceed as in the first part of this 
paper, that is, we may find the attenuation 
constant, A, and determine what the thickness, 
d, should be for the amplitude reduction of 10 db 
in order to learn to what an extent we may 
identify the absorption characteristic of the very 
thick (but not infinitely thick) material with the 
absorption characteristic of the material d cm 
thick. Thereupon we may, again as before, de- 
termine the limits, if any, for the high and the 
low frequency end of the audio spectrum when 
working with one particular R. 

Thus the propagation constant being 


Y=A+iB 
= (R’+iwM’)*(iw/c?my)?. 
Squaring : 
A?+2i1A B— B?=(R’+iwM’)iw/cmy. (29) 
From which 


B? = (wR’)?/4c'mPA?. (30) 
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Substituting (30) in (29) we get 


A =Attenuation constant 
=k[ —M"?+(M"+ R” /w*)*]}/(2mo)! 
=kMPR?®| —1+[R°+?(R?+w?M?P?) }§}3/ 
(2mo)'(R?+?M?P?), 


where k=w/c as before. Table III gives values 
of A (attenuation per unit length) for different 
frequencies. These values are based on a flow- 
resistance of 5 ohms and a porosity of 0.8. M, 
the mass per unit surface, was taken as 1 
arbitrarily. 


TABLE III. 
Frequency A 
128 0.03 
512 07 
2048 14 


The same results are obtained when WM is 
equal to 2, or 20, or still larger, showing that the 
attenuation is not dependent on M. It is again 
only when R is of the order of » or when M is 
very small, that the attenuation becomes 
dependent on the density of the material. Note 
that these last values are slightly larger than 
the previous ones, indicating a smaller minimum 
thickness than previously calculated. 

We may, therefore, identify, in Fig. 9, the 
absorption characteristic of the material of 
10-ohm flow-resistance with the absorption 
characteristic of such a porous flexible material 
as cotton, 31 cm thick, which, as measured by 
the writer, has a flow-resistance of 9.75 ohms. 
31 cm, of course, represents the limiting thick- 
ness of the material obtained by the formula 
dino >100/(R)', as derived in the first part of this 
paper, since the above calculations have shown 
that the limiting thickness cannot be greater 
than that given by the formula. 

The author takes this opportunity to express 
his sincere appreciation to Dr. Vern O. Knudsen, 
Dr. N. Whyburn, and Mr. E. H. Hansen for the 
interest shown in his work. 
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T is well known that a nickel rod subjected to 

a magnetic field becomes shorter in the direc- 
tion parallel to the field. If the field is alternating, 
the nickel rod will vibrate at a frequency de- 
termined by the velocity of the compressional 
wave which traverses the nickel. This magneto- 
strictive property of nickel may be used to vi- 
brate Chladni plates at high frequencies. Having 
obtained many Chladni patterns at fifteen kilo- 
cycles, we decided to find out the limiting fre- 
quency at which there would still be sufficient 
amplitude in the rod to vibrate a brass plate ten 
inches square and one thirty-second of an inch 
thick. The highest frequency at which patterns 
have been produced is eighty kilocycles. It is 
comparatively easy to cause small glass plates 
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Fic. 1. The effectYof magnetic fieldsfupon the length of 
iron,fnickel_and cobalt?rods. 
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Fic. 2. The circuit used to vibrate nickel rods at high 
amplitudes. L; coil—tap one-third distance from grid end; 
C,—2500-volt variable condenser; C.—0.01 mica 2500-v 
blocking condenser; C;—0.002, 2000-v blocking condenser; 
L:—1500-turn honeycomb coil; R;—100,000-ohm variable 
resistor; R,—100-ohm center-tapped resistor; 7\—852 
tube; R, is adjusted to one-tenth ampere plate current. 


one inch in diameter to vibrate at these high 
frequencies and a few photographs of sand 
patterns thus formed are shown in Fig. 5. 

The largest nickel rods used were 30.5 cm 
long and 0.9 cm in diameter, the smallest 3 cm 
long and 0.3 cm in diameter. It was found by 
trial that the fundamental frequency of the pure 
nickel rods was given by the formula, 


Frequency (ke) = 252.7/L, (1) 


where L is the length in centimeters. 

Experiments were also made with nickel alloy 
bars of frequencies from twenty to fifty kilo- 
cycles, but they did not have sufficient ampli- 
tude to vibrate the plates. According to Bidwell, 
the maximum magnetostrictive change of a 
nickel rod is one-forty thousandth of its total 
length. The nickel alloys have a much smaller 
coefficient than this. Iron and cobalt are useless 
as magnetostrictive oscillators on account of the 
“Villari reversal.’’ This is shown in Fig. 1 taken 
from Bidwell’s article.2 The elongation and 
retraction are measured in ten-millionths of the 
length of the sample under test. 





Fic. 3. The coils used in the circuit of Fig. 2 to produce 
greater amplitude. A, field coil of oscillator; B, 15 turns 
No. 10 wire close wound on field coils; C, 30 turns No. 14 
wire wound on tube D; D, Bakelite tube 1 cm long. 
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Fic. 4. The change in magnetic induction with change in 
temperature. 


| Bidwell, Proc. Roy. Soc. A40, 109, 257 (1886). 
2 Bidwell, Phil. Trans. London, A179, 227 (1888). 
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Fic. 5. Sand figures on glass plates one inch across vibrated 
at 50 to 70 kilocycles. 


In our experiments, the bars were set in vibra- 
tion using the vacuum tube circuit of Fig. 2. 
The inductance L; was wound upon a circular 
frame with the nickel bar in the center of the coil. 
Different inductances were used for different 
frequencies. 

At frequencies above 60 kilocycles, the ampli- 
tude of vibration of the solid rods became very 
small. This condition was remedied by boring 
out the center part of the rods until they became 
tubes with a wall thickness 0.12 cm. This in- 
creased the amplitude by several hundred per- 
cent. The tubes responded not only to their 
fundamentals and harmonics but they could be 
forced into other vibrations. 

In order to increase the flux through the rod 
(or tube) and thus augment the amplitude of the 
vibrations, the coil arrangement shown in Fig. 3 
was added to the circuit. With the auxiliary 
coils B and C (Fig. 3), the fluctuating current 
was so high that the nickel rods (or tubes) could 
be set into violent oscillation. 

Ewing’ has investigated the change in the 
magnetic properties of nickel as the temperature 


oe Magnetic Induction in Iron and Other Metals, 
p. 171. 
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Fic. 6. Sand figures on brass plates vibrated at 70 
kilocycles. 


is increased. It can be seen from his graphs 
(Fig. 4) that nickel loses its magnetic properties 
at 300°C. 

The upper curve of Fig. 4 shows that the 
magnitude of the vibration increases with the 
temperature, reaching a maximum at 200°C. 
This agrees with our observations that the rods 
always vibrated better when they warmed up 
under the action of the inducing field. All the 
rods ceased to vibrate violently when their 
temperature reached 280°C. 

After much experimentation, it was found that 
the rods were more suitable than tubes for 
driving Chladni plates. The glass or brass plates 
rested upon the top of the rod and were pressed 
against it by a sharp nail applied to the upper 
surface of the plates. This forced the plates to 
vibrate with the frequency of the rod. Without 
the applied pressure the plates oscillated below 
the frequency of the driving rod. In this way the 
sand patterns shown in Figs. 5 and 6 were 
obtained. The number of nodal lines on these 
plates far exceeds those produced by any other 
method. 
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LETTER TO THE EDITOR 


[The Editorial Board assumes no responsibility for the opinions expressed in letters.] 


Musical Instruments and Acoustical Science 


I 


There seems to be some confusion of thought among 
acoustical scientists as to the organization of the art of 
music, and especially as to the place in that organization 
occupied by musical instruments. It is the object of this 
communication to discuss some of the basic facts of the 
case and to point out some conclusions that may be drawn 
therefrom. 

In its dependence upon elaborate mechanical instru- 
mentalities for its actualization, music differs from all the 
other fine arts. During all of its long process of growth and 
organization, creative musical thought and the instruments, 
by means of which that thought has been actualized, have 
been acting and reacting upon one another. Musical 
thought could not have worked out its forms of expression 
without instrumental aid; nor could instruments have been 
steadily developed, as in fact they were, if there had not 
been a definite demand from time to time for technical 
improvements in them. In this way has been set up a 
process of gradual evolution, from the most primitive 
attempts down to the highly organized machines which we 
use today. The course of this process may be clearly and 
directly traced in the case of every one of the established 
types used today in the art of music. It is not certain 
whether the beginnings of music were vocal or instrumental, 
although it is the opinion of most musical historians that 
man tried to sing before he thought of any artificial 
instrument. Nevertheless, as time has gone on, music has 
developed more and more along instrumental lines. 
Composers have come to think their musical thoughts 
almost wholly in terms of their instrumental expression. 
The composer works out a phrase or elaborates an idea on 
paper because he has first imagined it as realized in sound 
by this or that instrument or group of instruments. The 
existing literature of music in all its many forms, certainly 
the literature of the last two centuries which comprises by 
far the greater part of what is living and important today, 
would be irretrievably ruined if ever a violent alteration in 
its instrumental means could be brought about, whatever 
might be the scientific arguments adducible in favor of 
that course. 

No such violent deflection of the course of musical 
evolution does at the moment appear to be imminent, but 
there are signs that many of those who exert influence in 
the now very powerful arts of sound reproduction and of 
broadcasting are looking forward to such a consummation; 
even to the extent of imagining that it would be highly 
advantageous. 


II 


This principle of the dependence of musical thought 
upon its existing instrumental means of expression deserves 
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further illustration. Consider the case of the pianoforte, 
From an acoustical point of view, it is admittedly ineffi- 
cient. It demands a large input of mechanical energy and 
gives back in turn only a disproportionately small acous- 
tical output. Lately there have been several attempts to 
remedy this state of affairs by improving it, so to speak, 
out of itself. But to do this, as by electronic maintenance or 
amplification of the sounds produced by the struck strings, 
is simply to put another instrument in the place of the 
piano. The great composers for this instrument, from 
Mozart, through Beethoven, Schubert and Schumann to 
Chopin, Brahms, Debussy and MacDowell, thought out 
ideas in terms of the very characteristics which some would 
improve away. It is only necessary to play a piece of 
typical pianoforte music, such as most of the Etudes or 
Preludes by Chopin, all of the Intermezzi or Capriccios by 
Brahms, nearly all the Preludes by Debussy, on a modern 
organ (the nearest of all established instruments to the 
electronic neo-pianos) to see just what is meant. It is the 
very peculiarities which most repel the scientific mind, 
such as the rapid decay of the acoustical energy delivered 
by the strings, that endow music written for the pianoforte 
by such masters as Brahms and Debussy with its most 
fascinating characteristics. 

And this, of course, is simply another way of saying 
that if and when the men who are now working on electric 
or electronic keyboard instruments shall have brought 
them to be recognized by the musical world, it will be 
necessary to create for them a musical literature of their 
own. And that again is the same as to say that the estab- 
lished pianoforte literature, until the public taste shall have 
entirely grown away from it (which will not be for a long, 
perhaps for a very long time), will have to be kept alive by 
the continuing manufacture of orthodox pianofortes. 

Similar considerations apply to the stringed, wind and 
percussion instruments of the orchestra. The vast literature 
which has grown up during the last four hundred years, 
written to be played by large or small groups of instruments 
in concert, depends for its quantitative and qualitative 
tonal effects, which have become as much established as the 
coloring we admire in great paintings, upon the peculiar 
properties of each of the instruments which have gradually 
taken their place therein. Every one of these could, 
abstractly, be superseded by electric or electronic means. 
A super-instrument, so activated, could most certainly be 
built, which should reproduce more or less closely every 
combination of harmonics which can be analyzed out of the 
spectrum of every existing instrument. It might even go 
farther and give to performers upon it power to increase 
indefinitely the number of possible harmonic combinations, 
But it would still not be able to make a symphony sound as 
its composer intended it to sound. 

The very features which are most obviously, from an 
abstract point of view, defective, contribute powerfully 
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to the musical effects which the orchestral instruments 
evoke. A violin is not a violin in its effects if it cannot give 
us, not only the Fourier harmonics proper to its strings, 
but the nonharmonic partials that arise out of the bowing, 
the way of applying the pressure upon the string, and so on. 
These ‘‘noise elements” (as in fact they are), certainly 
detract from the pure acoustical value of the violin; but 
they are part of its musical ‘‘atmosphere,’’ which the 
human ear has come to expect. 

What is true in this one case is true, mutatis mutandis, 
in the case of every one of the musical instruments at 
present in established use. 


III 


From these considerations we may draw certain conclu- 
sions. For one thing it is evident that electronic physics has 
given to acoustical engineers large opportunities to seek 
and discover new means of producing musical sound. But, 
for another and equally important thing, these new means, 
existing or prospective, can only find their way into the 
musical field if and as a literature shall be developed for 
them. That is to say, they must wait for the composers to 
write for them, and for the players to master their technical 
peculiarities. Then and then only, will they be able to take 
their place in the established hierarchy of the instruments. 
Even so, their fortune may, in any given case, be no better 
than that of the many admirable examples of musical 
technology which have come forth, flourished for a time 
and then utterly disappeared. 

On the other hand, there is an immediate and important 
work to be done in improving the established instruments 
of music. Some of these, like the pianoforte, are already 
highly developed on the mechanical side, but are sus- 
ceptible to perhaps indefinite improvement in respect to 
the relation between input and output of energy. Others 
again are tied fast to traditions which have indeed a 
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genuinely powerful base in experience, but some at least 
of which, and they among the most powerful, hold back the 
development of acoustic possibilities which already can be 
envisaged. The notion, for instance, that a fiddle, if it is 
to be fit for an artist, must be old, and preferably made at 
Cremona, and of certain kinds of wood only, is very 
powerful; but it has only a slight foundation. Again, the 
wind instruments still have to depend upon the uncertain 
wind supply afforded by the human lungs. Control by the 
lip of a skilled performer affords the best method yet 
discerned for artistic tone production; but an artificial 
wind supply would be quite a practicable achievement, 
which in fact has actually in a small way been successfully 
tried. There is a big field here. Moreover, the whole 
question of the relation of material to tone quality needs 
to be thoroughly worked over, for it is the fruitful seed-bed 
of superstition and absurdity. 

Much more to the same effect might usefully be said. 
But what has been said ought to be sufficient to show the 
facts of the case. The musical arts, partly under the 
influence of the broadcasting techniques, and partly as a 
result of their own native energy, are showing a vitality 
and a sense of growth most encouraging. But they will not 
develop satisfactorily unless they are allowed to develop 
in their own way. 

I respectfully recommend then to physicists and engi- 
neers now working in acoustical fields, and taking an 
interest in musical sound, the not very sensational but 
certainly useful course of encouraging the continuous 
development and organization of the existing instru- 
mentalities of music. They will find this in the long run to 
be the better, the more practicable and the more valuable 
course. 


WILLIAM BRAID WHITE 


American Steel and Wire Company, 
Chicago, Illinois. 
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Acoustical Society News 


HE meeting of the Acoustical Society held in Chicago, 
May 4-5, was carried out as announced, with a pro- 
gram of 21 papers which is printed elsewhere in this issue. 
About 100 interested people attended the meeting. The 
luncheon discussion on ‘‘Practical Aspects of Noise Abate- 
ment”’ with Dr. Fletcher, Major Connolly and Dr. Morrill 
as speakers brought before the city of Chicago the need for 
control of unnecessary noise, and it is hoped that some 
constructive action will result from this attempt. 

The success of the meeting was due to the activity of the 
committee on arrangements and programs, of which Mr. 
Waterfall was chairman; other members were President 
Sabine, Mr. Norris, and Editor Watson. The Monday 
evening dinner and entertainment were greatly enjoyed. 
Mr. Norris arranged a ‘‘stunt” show, and there was an 
interesting demonstration of the Hammond Electric Organ. 

Officers for the coming year were elected as follows: 
President, P. E. Sabine, Vice President, V. L. Chrisler; 
Secretary, Wallace Waterfall; Treasurer, G. T. Stanton; 
new councillors, J. C. Steinberg and C. R. Hanna to succeed 
G. Oscar Russell and E. C. Wente whose terms expired. 

The next meeting of the Society will be held in New 
York City, October 29-31 with an additional joint meeting 
with the other society members of the American Institute 





of Physics for a discussion of the problems of Applied 
Physics. 


RECOGNITION FOR PROFESSOR MILLER 


At the fifty-second annual commencement of the Case 
School of Applied Science, on June 1, the address was 
delivered by Professor Dayton C. Miller on ‘‘The Spirit 
and Service of Science.’’ This occasion marked his retire- 
ment from active duty after forty-six years in the faculty 
of Case School. In recognition of his distinguished services 
the trustees presented him with an illuminated testimonial 
designating him as honorary professor of physics for life. 
Dr. Miller also received the honorary degree of doctor of 
engineering for his contributions to architectural acoustics, 


(from Science, June 12, 1936) 


Dr. KNUDSEN HONORED 


On May 6, Dr. V. O. Knudsen gave a lecture in Los 
Angeles on ‘‘ Modern Acoustics and Culture.” This research 
lecture was presented to the public by the University of 
California at Los Angeles as the annual lecture by one of 
its distinguished scholars. 

His paper will be printed in a later issue of this Journal. 


Book Reviews 


The New Acoustics. N. W. McLACHLAN. Pp. 166, Figs. 

100, Oxford University Press, 1936. Price $2.75. 

This small, compact book is intended to give ‘‘a simple, 
non-mathematical résumé of the main lines of practical 
development (of acoustical science), and of the breaking 
away from the old régime, that might be of interest to 
scientists, engineers, and general readers.” This object is 
adequately fulfilled by Dr. McLachlan who has had ex- 
tensive experience in the theory and practice of acoustics, 
and who has expressed his ideas in this book in his usual 
direct and understandable style. 

Starting with a brief discussion of the old acoustics with 
its uninteresting barrenness, the author traces the progress 
of modern acoustics from the impetus given it by the epoch- 
making treatise by Lord Rayleigh on the Theory of Sound 
in 1877, through the intense activity of the World War to 
the development of the thermionic valve in 1922, which 
proved to be the tool which fashioned the new science of 
acoustics in its astonishing and bewildering array of 
achievements. 

The first two chapters of the book deal with the theory 
and experiments of the old acoustics, and these are fol- 
lowed by fourteen chapters giving discussions of anti- 
submarine devices, broadcasting, loudspeakers, micro- 
phones, gramophones, talking pictures, measurement of 
frequency and analysis of sound, behavior of the ear, 
deaf-aids, auditorium acoustics and _ sound-absorbing 
coefficients. 
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These discussions are given in non-mathematical lan- 
guage, with frequent diagrams and illustrations, many of 
which show the analogy between acoustic and electric 
phenomena. The book concludes with a list of forty 


references to scientific papers and books for readers who. 


desire to make a further study of the subject. 
F. R. WATSON 


Elektroakustische Untersuchungen in Hallradumen. HANns 
FREI. Pp. 99, Fig. 48. Franz Deuticke, Leipzig and 
Vienna, 1936. Price Rm 4. 

As indicated by the title, this book deals largely with an 
experimental investigation of reverberation in rooms, the 
work being done by Hans Frei, electrical engineer of the 
Acoustical Institute of the Ziirich Technische Hochschule 

Part I discusses the theory of the interference field set 
up by sound in rooms. Part II describes an experimental 
investigation of reverberation in a special room under a 
variety of conditions from highly reflecting walls to 
excessive damping, with a further investigation of the 
effect of coffering the walls. Part III concludes the book 
with a description of an aural investigation of the rever- 
beration conditions. 

The book is illustrated with numerous drawings, photo- 
graphs and tables that add to the ease of reading. A large 
number of footnote references is given to other inves- 
tigations in this field. 

F. R. WATSON 
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Program of the Fifteenth Meeting of the Acoustical Society of America 


May 4 


5, 1936 


Hote, LASALLE, CHICAGO, ILLINOIS 


Monpay, May 4, 10:00 a.m. 


1. Rearranging Speech Spectra for Tactile Recognition. 
Louris D. GooprELLow, Northwestern University. (20 
minutes).—This paper relates to the development of 
apparatus for the use of the deaf in interpreting speech 
through the senses of touch and vibration. After reporting 
a number of experiments showing the specific type of 
vibratory patterns which are perceptible to the finger-tip 
and the degree of discrimination possible, a comparison 
is made between the characteristics necessary for the 
recognitions of speech sounds and the limitations of the 
finger-tip. This comparison shows that very great amplifica- 
tion is required for the high frequencies while very moder- 
ate amplification is sufficient for the lower end of the 
speech spectrum. Difficulties have been encountered due 
to the great differential amplification required. Therefore, 
an alternative is proposed, namely, beating the upper part 
of the speech spectrum against a constant tone, so as to 
reproduce the high frequency characteristics as low 
frequencies which are readily perceptible to the finger-tip. 
Although such a method produces distortion beyond the 
point of auditory recognition, the tactile pattern for each 
sound should be different and therefore distinguishable by 
the finger-tip. 


2. Studies of the Vibro-Tactile Senses as Means for 
Determining Direction. Ropert H. Gavtt, North- 
western University, American Institute for the Deaf-Blind. 
(20 minutes).—Earlier investigations in this field have 
left the factors of intensity, rate of transmission (and 
consequently time of stimulation) and phase without 
adequate control.! In this investigation, as far as it has 
proceeded, we have attempted to supply this deficiency. 

In the experimenter’s room is a speaker that may be 
moved right or left upon the arc of a circle. Before it, in 
fixed positions, are two microphones. These microphones 
communicate with two vibrators, respectively, in the 
distant observer’s room. The observer is seated with the 
index finger of the right hand upon one vibrator and that 
of the left hand upon the other. The situation is so ar- 
ranged that he cannot hear the action of the vibrators. 
Before him, and covering the vibrators, is a sheet of card- 
board on which the arc of a semicircle is described marked 
to designate degrees. 

As the speaker, in action, is moved sufficiently to the 
right or left, thus varying its distance from the micro- 
phones, respectively, the intensity, time and phase of the 
stimulus upon the observer's fingers, respectively, are 
altered as in a corresponding situation in the sphere of 
audition. The observer “ feels as if” a vibrating body 
before him were moving between right and left. On the 
semi-circumference before him he designates the degree of 
the apparent movement. 
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When, now, the speaker is kept in a constant middle 
position with reference to the microphones and when 
attenuators are introduced to control intensity in the 
vibrators, respectively, the time element is kept constant 
but the observer continues to experience the illusion of 
movement referred to. The degree of apparent movement 
corresponds to that that obtains in the auditory sphere 
in similar situations. 

We have yet to complete the experiment by holding in- 
tensity constant while other factors are independently 
varied. 


1Katz, Der Aufbau der Tastwelt. 


3. Articulation Testing by Bone Conduction. N. A. 
Watson, University of California at Los Angeles. (20 
minutes).—The paper describes briefly the apparatus used 
for transmitting the recorded articulation lists to the bone- 
conduction vibrator, and the construction of the induction 
type electrodynamic vibrator itself. Results of articulation 
tests on normal-hearing persons are given which indicate 
that, with high quality apparatus and sufficient power, 
articulations can be obtained by bone conduction as high 
as those by air conduction, 100 percent often being at- 
tained. The variation of percent syllable articulation with 
increasing level is given for bone conduction for open ear 
canals and for partially blocked canals. The effects of the 
following factors on percent syllable articulation are also 
discussed: (1) Variation of total force and pressure of the 
vibrator against the observer’s head; (2) frequency and 
nonlinear distortion in the amplifier system; (3) use of 
multiple vibrators; and (4) clenching of teeth and other 
variations of the condition of the observer's head. 


4. The Present Status of the Mechanics of Sound 
Conduction in Its Relation to the Possible Correction 
of Conduction Deafness. A. G. POHLMAN, Creighton 
University. (25 minutes).—E. H. Weber in 1851 interpreted 
the middle ear apparatus as an impedance matching 
transformer which balanced the resistance differences 
between the medium of conduction (air) and the medium of 
reception (liquid). The interpretation implied that the 
apparatus must be effective for all audiofrequency levels. 
[i was not accepted by otologists because it was known 
that in conduction deafness, greater functional disability is 
noted for the low than for the high frequencies. Recent 
developments support the Weber interpretation and indi- 
cate that this low pitch disability is not dependent on 
frequency limitations due to the pathology of the middle 
ear. Evidence will be submitted to show that where the 
sound conduction apparatus is nonfunctional the drum 
membrane damps the direct conduction through the air 
of the middle ear. A case will be reported on the replace- 
ment of the lost drum membrane and ossicles by a pros- 
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thesis patterned after the middle ear apparatus of the bird. 
The possibility of creating a soft spot in the otic capsule in 
cases where the stapes is “frozen” to the head so that a 
transformer prosthesis may be applied will be considered. 
The accepted idea of a mass shuttling in the labyrinth 
liquid as the mechanical factor essential to audition is 
opposed. 


5. The Influence of Intensity on the Pitch of Violin 
and ’Cello Tones. Mitton Cowan AND Don LEwis, 
State University of Iowa. (10 minutes).—Three independent 
investigators (Zurmiihl, Stevens and Fletcher) have re- 
cently shown that significant changes in the pitch of certain 


pure tones accompany changes in their intensity, the 
amount of change depending upon both frequency and 
intensity. The question naturally arises as to whether the 
pitch of complex musical tones is similarly related to in- 
tensity. The present paper is the report of an investigation 
which was undertaken to answer this question insofar as 
it relates to violin and 'cello tones. The results are not 
entirely unequivocal, but they tend to show that intensity 
has no measurable effect on the pitch of the tones studied, 
Intensity may affect the pitch of these tones but, if it does, 
the pitch-intensity relationship here is basically different 
from that operative in the case of pure tones; and this is 
unlikely. 





Monpay, May 4, 12:45 p.m. 


Luncheon discussion of ‘‘Practical Aspects of Noise Abatement’ 


Dr. HARVEY FLETCHER, Director of Acoustical Research, Bell Telephone 
Laboratories and Chairman of Mayor's Technical Advisory Committee on 


Noise Abatement, New York City 


Major JoeEt I. CONNOLLY, Chief of Bureau of Sanitary Engineering, City of 


Chicago 


Dr. W. P. Morrit_, American Hospital Association 





Monpay, May 4, 2:00 p.M. 


A Group of Papers on the Control of Noise and Vibration 


6. The Legal Problems of Noise. E. E. Free anp D. 
J. Haun, New York City. (20 minutes).—Records obtained 
by standard noise meters are beginning to be accepted by 
American courts as legal evidence in nuisance cases, but the 
legal definition of what constitutes a noise nuisance is not 
clear. Existing and possible principles and some leading 
cases will be discussed. Acoustical engineers might usefully 
work out and suggest certain physical or physiological 
principles which should underlie new legal definitions in line 
with modern methods of noise measurement. 


7. Automotive Quieting. R. F. Norris, C. F. Burgess 
Laboratories, Inc., Madison, Wisconsin. (15 minutes).— 
Intake roar, exhaust noise and body resonance are dis- 
cussed. Methods by which these noises are attacked are 
explained and data showing their relative importance are 
given. 


8. Role of Acoustical Measurements in Machinery 
Quieting (with demonstrations). Ernest J. ABBorT, 
Physicists Research Laboratory, Ann Arbor, Michigan. 
(20 minutes). 


9. Application of Elastic Suspensions to High Speed 
Newspaper Presses. STANLEY D. LivinGston, Consulting 
Engineer, New York City. (25 minutes).—The effective- 
ness of various types of elastic suspensions when applied 
to complex mechanisms has been determined from an 
analysis of the test data which were obtained from several 
multi-unit newspaper press installations. Materials used as 
isolation mediums were natural cork, rubber pads and steel 
springs. The weight of the various installations ranged from 
four hundred and fifty tons to nine hundred and fifty tons. 
A semirigid assembly of press units now being erected will 
have a total sprung weight of approximately twelve 
hundred tons. 

The vital question in the case of the original installation, 
which was made solely for the purpose of reducing the 
nuisance effect of the vibration transmitted to the building 
structure, pertained to the degree of elasticity permissible 
without materially affecting the production efficiency of 
the presses. It has been found that the transmission of 
vibration can be reduced to a minimum, and, if the suspen- 
sion is properly applied, the production efficiency can be 
materially increased. Accordingly, some suspensions are 
now being installed solely for economical reasons. 

The writer offers for discussion the subject of the 
transmission of vibration by means of “carrier frequency” 
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and questions whether this phenomenon has been given 
the attention it merits. 


10. Developments in Aircraft Sound Control. H. 
BRUDERLIN AND E. WHEATON, Douglas Aircraft Company, 
Santa Monica, California. (15 minutes).—This paper 
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11. A Method of Eliminating Cavity Resonance, 
Extending Low-Frequency Response and Increasing 
Acoustic Damping in Cabinet Type Loudspeakers. BENJ. 
OLNEY, Stromberg-Carlson Telephone Mfg. Co., Rochester, 
New York. (30 minutes).—When a direct-radiator loud- 
speaker is mounted in a cabinet, as in the conventional 
radio receiver, response irregularities are introduced 
because of resonances in the space behind the loudspeaker. 
With a cabinet and speaker diaphragm of ordinary size, 
the acoustic load at low frequencies is highly reactive, the 
radiation efficiency is very low and diaphragm amplitudes 
become excessive. 

In the method described, the rear of the loudspeaker 
diaphragm is tightly coupled to one end of a folded conduit 
lined with sound-absorbing material and terminating in an 
opening in the bottom of the cabinet. This arrangement is 
called an acoustical labyrinth. By suitable tuning of the 
conduit, an extension downward of the reproduced fre- 
quency range is secured. The acoustic impedance of the 
conduit is shown by measurement to offer a diaphragm 
load having desirable characteristics, it being predomi- 
nantly resistive over virtually the entire measured low 
frequency range (40-350 cycles). Measurements of the 
acoustic impedance on the front of a diaphragm in a 
moderate sized baffle and of the impedance facing the back 
of a diaphragm in a conventional radio cabinet are also 
reported. The improvement in the frequency characteristic 
of a cabinet type loudspeaker afforded by the use of the 
acoustical labyrinth is shown by response curves. 


12. Loudspeakers for High-Fidelity Large Scale Re- 
production of Sound. FRANK MAssA, RCA Manufacturing 
Co., Inc., Camden, N. J. (20 minutes).—The extension of 
both frequency and volume range in large scale sound 
reproduction has imposed severe limitations on the per- 
formance characteristics of loudspeakers employed in these 
applications. This paper discusses some of the problems 
that arise under such conditions and what means have been 
taken for their solution. The limitations of single speakers 
to cover the entire frequency range are mentioned and the 
advantages of multi-speaker systems are pointed out. 


13. Control of Temperature Variation in the Frequency 
of Tuning Forks (with demonstrations). B. E. EIseNHourR, 
Riverbank Laboratory, Geneva, Illinois. (20 minutes).—The 
increasing use of tuning forks not only as frequency 
standards but as controlling devices for equipment requir- 
ing perfect synchronization calls either for very accurate 
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describes present requirements for sound control in larger 
airplanes from the viewpoints of the operator, the passen- 
ger, and the manufacturer. It presents a new method of 
approach to the problem of satisfying these requirements, 
showing measures being taken toward their solution on a 
new aircraft project, and giving anticipated results. 
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temperature control with the ordinary steel fork, or for the 
development of forks in which the variation of frequency 
with temperature is negligibly small. 

Two methods have been employed to achieve this end— 
either the development of metal alloys having very small 
frequency-temperature coefficients, or the fabrication of 
compensated forks from two materials having coefficients 
of opposite sign. While alloy steels, such as Invar and 
Elinvar, can be produced having coefficients of the order 
of one-twentieth that of ordinary steel, yet very consider- 
able variations in coefficients are found in individual 
samples of these alloys even when cut from the same piece 
of stock. 

The combination of two alloys having positive and 
negative temperature coefficients has proven a more 
practical means of producing forks of uniform qualities 
and with frequencies independent of temperature. Demon- 
strations of the thermal properties of forks of this type 
will be made. 


14. Variation of Sound Absorption with Area. V. L. 
Curis_erR, U. S. Bureau of Standards. (10 minutes).— 
Sound absorption measurements have been made in the 
reverberation chamber by an intensity method on areas of 
72 square feet and areas of 4 square feet. The apparent 
coefficient is larger for the small areas and agrees within 
the error of measurement with results which were obtained 
by the reverberation method. 


15. A Modified Tube Method for the Measurement of 
Sound Absorption. KERon C. Morricat, University of 
Illinois. (20 minutes).—In a previous abstract! a method 
was described for measuring the sound absorptivity of 
small specimens. Sound from a loudspeaker travels down 
a cast iron tube 8 inches in diameter, strikes the specimen 
under test at an angle of 45 degrees and is reflected down 
a side tube where it is measured. By measuring the sound 
reflected down the side tube from a thick glass plate, and 
by measuring the sound in the side tube when an expo- 
nential horn is substituted for the specimen, it is possible to 
arrive at the reflectivity and consequently the absorptivity 
of the specimen. 

The earlier apparatus has been redesigned and measure- 
ments have been taken on a large number of materials. 
For the frequency of 500 c.p.s. the method has given 
absorptivities for commercial materials that are in satis- 
factory agreement with those determined by reverberation 
measurements. By means of a miniature condenser trans- 
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mitter the actual pressure distribution in the tube is being 

investigated with the view of extending the usefulness of 

the apparatus to frequencies above and below 500 c.p.s. 
1J. Acous. Soc. Am. 5, 64 (1933). 


16. Investigation of the Sound Absorptivity of Portland 
Cement Concretes. F. R. Watson, University of Illinois. 
(20 minutes).—Coefficients of absorption were determined 
by the reverberation method, both instrumentally and 
with the ear. The samples were special types of concretes, 
ranging from dense, heavy mixes using standard aggre- 
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gates to light, porous ones having varying proportions of 
cement, sand and light weight aggregates, such as cinders 
and haydite. 

The results show that porous materials absorb sound, 
but dense materials with small porosity are not efficient in 
absorbing sound. Haydite and cinder concrete construc. 
tions proved to possess effective sound-absorbing values; 
sandstone and limestone products were not so good, but 
most of the specimens are more sound absorbent than the 
usual hard plasters and cements so that these new products 
can be used advantageously in buildings to reduce noise. 
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17. Moving Pictures of the Vocal Cords in Operation. 
JosepH TirFin, University of Iowa. (10 minutes).—A 16- 
mm moving picture film of the human vocal cords will be 
shown. Several of the views were taken by means of 
stroboscopic illumination. The facts revealed by the 
pictures will be discussed briefly with reference to the 
theories of vocal cord vibration. 


18. Steady-State and Transient Aspects of Vowel 
Production. Don Lewis, University of Jowa. (25 minutes). 
—At first, to clarify concepts and to facilitate later 
presentation of experimental data, the steady-state (or 
harmonic) theory of vowel production is differentiated 
from the transient (or inharmonic) theory, and each is 
given definite formulation. It is shown that the two theories 
are not, as is sometimes supposed, merely two ways of 
viewing the same phenomenon, but are quite different in 
their physiological and acoustical implications. Recent 
experimental data are then summarized. These data, taken 
from the writer’s work on vocal resonance and from the 
reported work on vowels of Trendelenburg, Wolf, Stanley 
and Sette, and others, indicate that vowel production is 
primarily a steady-state process. In other words, the data 
show beyond much doubt (1) that the vocal cords give 
rise to a cord-tone which consists of a fundamental com- 
ponent and a large number of its overtones; (2) that the 
vocal cavities, on which the cord-tone acts as a force, 
constitute a number of singly-resonant systems and thus 
serve to modify the spectrum of the energy flowing from 
the cords; and (3) that vowel sounds, as radiated from the 
mouth, are composed mainly of a harmonic series of simple 
motions, each of which has a determinable magnitude. 
The limitations of this somewhat idealized picture are set 
forth, with stress on the transient aspects of the process. 


19. The Acoustical Planning of Broadcast Studios. G. 
STANLEY MCALLISTER, Columbia Broadcasting System, Inc. 
(20 minutes).—Radio broadcasting is aware of the very 
close kinship of architectural acoustics. 

The growth of radio broadcasting has not only been 
characterized by the substantial expansion and develop- 
ment of its scientific and technical aspects, but the industry 
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has been aware of and is taking advantage of the newer 
knowledge of architectural acoustics. Many of the attempts 
to utilize the knowledge have been disappointing and others 
have been highly satisfactory. 

As in all developments of a scientific or experimental 
nature, the lack of information on the subject or a mis- 
application of the principle may bring an unfortunate 
result, so in the application of acoustics to the design and 
construction of broadcast studios this same error may 
occur. 

The broadcast engineer and the radio production man 
may not master the subject of acoustics, but he fully ap- 
preciates its value and need. His contribution to the knowl- 
edge of the problem may be somewhat small and may even 
be ‘‘unscientific,”” yet that part may be the very element 
which the trained expert can utilize to the fullest extent. 

The acoustical problem of the broadcasting studio is of 
a special nature requiring specific attention to the technique 
of design, shape, size, use, pick-up and flexibility. 


20. NBC Studio Design. R. M. Morris Ann G. M. 
Nixon, National Broadcasting Company. (20 minutes).— 
The factors influencing the acoustical requirements of 
broadcast studios are discussed with the relation of studios 
one to another and to appurtenant spaces. A method of 
procedure is outlined, showing the embodiment of certain 
principles and data obtained from 10 years’ experience in 
the design, construction, and operation of studio groups 
of various sizes. Studio groups recently designed and 
constructed by the NBC are described as examples of the 
application of these principles. A portion of the paper is 
devoted to other details such as characteristics of various 
acoustical treatments; discoloration of treatments due to 
“breathing’”’ and means of control; the sound control of 
air conditioning, plumbing, electrical and heating systems; 
and the sound isolation required between studios and the 
building structure. 

Other essential empirical and experimental data are 
presented such as: optimum sizes and dimensions of 


studios for various numbers of occupants; optimum re- 
verberation time and frequency characteristics; the ar- 
rangement and treatment of appurtenant spaces such as 
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control and observation booths, vestibules, doors, windows, 
etc., fundamental requirements and recommended speci- 
fications for satisfactory acoustical performance. 


21. Some Data on a Room Designed for Free Field 
Measurements. E. H. BEpDELL, Bell Telephone Labora- 
tories, Inc. (20 minutes).—This paper gives some data on 
the absorbing material used in a room recently completed 
and intended for acoustical measurements under essentially 
free field conditions. The absorbing material, which con- 
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sists of a number of layers of cloth separated by air spaces, 
is shown to have an absorption coefficient of the order of 98 
to 99 percent over a wide frequency range. Some data are 
also given showing the degree of departures of the sound 
field in the room from the field to be expected in free space. 
It is shown that it may not be possible to duplicate a free 
field in an enclosed room, regardless of the freedom from 
stationary waves obtained, in the sense that the pressure 
may decrease more rapidly than the inverse distance law 
applying to a free field. 

















